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The Physics of Sound

Sound lies at the very center of speech commuaitah sound wave is both the end product of theesp
production mechanism and the primary source ofrreaterial used by the listener to recover the sptakeessage.
Because of the central role played by sound in@dpeemmunication, it is important to have a goodarstanding
of how sound is produced, modified, and measuréd.purpose of this chapter will be to review sorasid
principles underlying the physics of sound, witbaaticular focus on two ideas that play an esplycialportant
role in both speech and hearing: the concept ofpleetrum andacoustic filtering. The speech production
mechanism is a kind of assembly line that operayegenerating some relatively simple sounds cangjstf
various combinations of buzzes and hisses, andfilltening those sounds by making a number of fwdgustments
to the tongue, lips, jaw, and other articulator® Will also see that a crucial step at the recgieind occurs when
the ear breaks this complex sound into its indigldtequency components in much the same way tpasm
breaks white light into components of differentiogk frequencies. Before getting into these ide&sfirst
necessary to cover the basic principles of vibraind sound propagation.

Sound and Vibration

A sound wave is an air pressure disturbance tlsatteefrom the vibration of an object or a colunirai. The
two conditions that are required for the generatiba sound wave are a vibrating object and anielasdium, the
most familiar of which is air. We will begin by de#ing the characteristics of vibrating objectsd ahen see what
happens when vibratory motion occurs in an elastidium such as air. We can begin by examining alsim
vibrating object such as the one shown in Figule B-we set this object into vibration by tappiihdgom the
bottom, the bar will begin an upward and downwasdiltation until the internal resistance of the bauses the
vibration to cease.

The graph to the right of Figure 3-1 is a visuggdresentation of the upward and downward motiahetbar.
To see how this graph is created, imagine thatseeaustrobe light to take a series of snapshdtsedbar as it
vibrates up and down. For each snapshot, we metimirestantaneous displacemenof the bar, which is the
difference between the position of the bar at fi# second that the snapshot is taken and thdiposif the bar at
rest. The rest position of the bar is arbitrarilyeg a displacement of zero; positive numbers aesl dor
displacements above the rest position, and negatiseers are used for displacements below thepasdtion. So,
the first snapshot, taken just as the bar is sfrwidkshow an instantaneous displacement of zér®next snapshot
will show a small positive displacement, the neilt show a somewhat larger positive displacemend] o on. The
pattern that is traced out has a very specific stiajit. The type of vibratory motion that is preed by a simple
vibratory system of this kind is calleiimple harmonic motionor uniform circular motion , and the pattern that is

traced out in the graph is callegiae waveor asinusoid

Figure 3-1.A bar is fixed at one and is set into vibrationthgping it from the bottonmmagine tha

a strobe light is used to take a series of snapsifdhe bar as it vibrates up and down. At each
shapshot thenstantaneous displacementf the bar is measured. Instantaneous displaceis g
distance between the rest position of the barfddfas zero displacement) and its position at any
particular instant in time. Positive numbers sigmifsplacements that are above the rest position,
while negative numbers signify displacements thateelow the rest position. The vibratory pattern
that is traced out when the sequence of displacenegraphed is calledsinusoid
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Basic Terminology
We are now in a position to define some of thadst@sminology that applies to sinusoidal vibration

periodic: The vibratory pattern in Figure 3-1, and the wau® that is shown in the graph, are examples of
periodic vibration, which simply means that there is a patthat repeats itself over time.

cycle Cycle refers to one repetition of the pattern. The intstacous displacement waveform in Figure 3-1 shows
four cycles, or four repetitions of the pattern.

period: Period is the time required to complete one cycle of \ibra For example, if 20 cycles are completed in 1
second, the period is 1/20th of a second (s),@5 6. For speech applications, the most commordy usit of
measurement for period is the millisecond (ms):

1 ms=1/1,000 s =0.001 s =46
A somewhat less commonly used unit is the microse¢as):
1 ns = 1/1,000,000 s = 0.000001 s =°%0

frequency: Frequencyis defined as the number of cycles completed insgm®nd. The unit of measurement for
frequency ishertz (Hz), and it is fully synonymous the older and moraightforward terntycles per second
(cp9. Conceptually, frequency is simply the rate dfration. The most crucial function of the auditspstem is to
serve as a frequency analyzer — a system thatdegs how much energy is present at different $ifjpguencies.
Consequently, frequency is the single most importancept in hearing science. The formula for featpy is:

f = 1/t, where: f = frequency in Hz
t = periodin seconds
So, for a period 0.05 s:

f=1/t=1/0.05 =20 Hz
It is important to note that period must be repnésg in seconds in order to get the answer to aurhé cycles per
second, or Hz. If the period is represented iniseitlonds, which is very often the case, the pdiistihas to be

converted from milliseconds into seconds by shiftine decimal point three places to the left. B@amaple, for a
period of 10 ms:

f=1/10 ms = 1/0.01 s = 100 Hz
Similarly, for a period of 10@s:
f=1/100ns = 1/0.0001 s = 10,000 Hz

The period can also be calculated if the frequas&nown. Since period and frequency are inverssibted, t
= 1/f. So, for a 200 Hz frequency, t = 1/200 = 3.80= 5 ms.

Characteristics of Simple Vibratory Systems

Simple vibratory systems of this kind can diffesrh one another in just three dimensions: frequency
amplitude, and phase. Figure 3-2 shows examplsigpéls that differ in frequency. The teamplitude is a bit
different from the other terms that have been dised thus far, such as force and pressure. Aswngae last
chapter, terms such as force and pressure havegpétific definitions as various combinationshef basic
dimensions of mass, time, and distance. Amplitodethe other hand, will be used in this text agmegic term
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meaning "how much." How much what? The term amgétaan be used to refer to the magnitude of dispieat,
the magnitude of an air pressure disturbance, tignitude of a force, the magnitude of power, andrsdn the
present context, the term amplitude refers to tagmiude of the displacement pattern. Figure 3eBvshtwo
displacement waveforms that differ in amplitudethlgh the concept of amplitude is as straightfodvees the two
waveforms shown in the figure suggest, measuringlitude is not as simple as it might seem. Theaeras that
theinstantaneous amplitudeof the waveform (in this case, the displacemerihefobject at a particular split
second in time) is constantly changing. There amaynways to measure amplitude, but a very simplinodecalled
peak-to-peak amplitude will serve our purposes eetlugh. Peak-to-peak amplitude is simply the difiee in
amplitude between the maximum positive and maximegative peaks in the signal. For example, theobott
panel in Figure 3-3 has a peak-to-peak amplituddafm, and the top panel has a peak-to-peak amplif 20
cm. Figure 3-4 shows several signals that are iicldrih frequency and amplitude, but differ fromecanother in
phase. The waveform labeletfhase would be produced if the bar were set ifti@tion by tapping it from the
bottom. The waveform labeled 18hase would be produced if the bar were set iib@tion by tapping it from
the top, so that the initial movement of the bas wawnward rather than upward. The waveforms lab@® phase
and 270 phase would be produced if the bar were set iifti@tion by pulling the bar to maximum displacement
and letting go -- beginning at maximum positiveptieement for 90phase, and beginning at maximum negative
displacement for 2P(hase. So, the various vibratory patterns showfigare 3-4 are identical except with respect
to phase; that is, they begin at different pointthie vibratory cycle. As can be seen in Figure 8 system for
representing phase in degrees treats one cydeafdveform as a circle; that is, one cycle eqda€. For
example, a waveform that begins at zero displaceamhshows its initial movement upward has a pbég a
waveform that begins at maximum positive displacgnaed shows its initial movement downward has asplof
9¢°, and so on.
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Figure 3-2.Two vibratory patterns that differ in frequency.elfpanel on top is higher in frequency
than the panel on bottom.
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Figure 3-3.Two vibratory patterns that differ in amplitude.elpanel on top is higher in amplitude than the
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Figure 3-5.The system for representing phase treats one ofthe vibratory pattern as a circle,
consisting of 369 A pattern that begins at zero amplitude headimgatd positive value§.e., headin
upward) is designated Phase; a waveform that begins at maximum positisglacement and shows
its initial movement downward has a phase df @0vaveform that begins at zero and heads
downward has a phase of £88nd a waveform that begiasmaximum negative displacement and
shows its initial movement upward has a phase 61.27he four phase angles that are shown above
are just examples. An infinite variety of phaselas@re possible.

Springs and Masses

We have noted that objects can vibrate at diffeirequencies, but so far have not discussed thisiqdi
characteristics that are responsible for variatiarfsequency. There are many factors that affleetrtatural
vibrating frequency of an object, but among the nfoportant are thenassandstiffnessof the object. The effects
of mass and stiffness on natural vibrating freqyeran be illustrated with the simple spring-and-snagstems
shown in Figure 3-6. In the pair of spring-and-magstems to the left, the masses are identicabibeispring is
stiffer than the other. If these two spring-and-ensygstems are set into vibration, the system \mighstiffer spring
will vibrate at a higher frequency than the systeith the looser spring. This effect is similar beetchanges in
frequency that occur when a guitarist turns thénikey clockwise or counterclockwise to tune aaustring by
altering its stiffness.

The spring-and-mass systems to the right haveigsprings but different masses. When theseesysiare
set into vibration, the system with the greatersnaidl show a lower natural vibrating frequency.eTfeason is that
the larger mass shows greater inertia and, conadigushows greater opposition to changes in divactAnyone
who has tried to push a car out of mud or snowdgking it back and forth knows that this is muckieawith a
light car than a heavy car. The reason is thatrtbee massive car shows greater opposition to clsainggirection.

In summary, the natural vibrating frequency oparg-and-mass system is controlled by mass affdess.
Frequency is directly proportional to stiffness FS) and inversely proportional to mass-M ). It is important to
recognize that these rules apply to all objectd,raot just simple spring-and-mass systems. For plame will
see that the frequency of vibration of the voctddas controlled to a very large extent by musctdaces that act
to alter the mass and stiffness of the folds. WEalgo see that the frequency analysis that iserhout by the
inner ear depends to a large extent on a tuned nagmlwvhose stiffness varies systematically fromemof the
cochlea to the other.

Sound Propagation

As was mentioned at the beginning of this chaplergeneration of a sound wave requires not ottdation,
but also an elastic medium in which the disturbasreated by that vibration can be transmitted Bm@e3-1[bell
jar experiment described in Patrick's science bookt yet writtef). To say that air is an elastic medium means that
air, like all other matter, tends to return todatgginal shape after it is deformed through theli@pfion of a force.

IThe example of tuning a guitar string is imperf@ote the mass of the vibrating portion of thengtdecreases slightly as the string is
tightened. This occurs because a portion of thiegsts wound onto the tuning key as it is tightened
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The prototypical example of an object that exhitiifs kind of restoring force is a spring. To urgland the
mechanism underlying sound propagation, it is udefthink of air as consisting of collection ofrgiales that are
connected to one another by springs, with the gpniepresenting the restoring forces associatddtht elasticity
of the mediumAir pressure is related to particldensity. When a volume of air is undisturbed, the indiabu
particles of air distribute themselves more-or-kegsnly, and the elastic forces are at their rgsttate. A volume of
air that is in this undisturbed state it is saidbéoatatmospheric pressure For our purposes, atmospheric pressure
can be defined in terms of two interrelated coondgi (1) the air molecules are approximately evepbced, and
(2) the elastic forces, represented by the intareoting springs, are neither compressed nor s&dtbhyond their
resting state. When a vibratory disturbance catseair particles to crowd together (i.e., prodgaam increase in
particle density), air pressure is higher than awheric, and the elastic forces are tompressedstate.
Conversely, when particle spacing is relativelgérair pressure is lower than atmospheric.
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Figure 3-7.Shown above is a highly schematic illustrationhaf thain reaction that
results in the propagation of a sound wave (modaftedt Denes and Pinson, 1963).
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When a vibrating object is placed in an elasticlioe, an air pressure disturbance is created thrauchain
reaction similar to that illustrated in Figure 3A& the vibrating object (a tuning fork in this easnoves to the
right, particlea, which is immediately adjacent to the tuning faskdisplaced to the right. The elastic force
generated between particlesindb (not shown in the figure) has the effect a s@ltand later of displacing particle
b to the right. This disturbance will eventuallycé particles c, d, e, and so on, and in eachtbaggarticles will be
momentarily crowded together. This crowding efieatalledcompressionor condensation and it is characterized
by dense particle spacing and, consequently, agspire that is slightly higher than atmospherisgues. The
propagation of the disturbance is analogous tehiaén reaction that occurs when an arrangemenpwirtbs is
toppled over. Figure 3-7 also shows that at somgectlistance to the left of a point of compresgianticle spacing
will be greater than average, and the elastic fova# be in a stretched state. This effect isedthrefaction, and
it is characterized by relatively wide particle sipg and, consequently, air pressure that is $jigbtver than
atmospheric pressure.

The compression wave, along with the rarefactiamenthat immediately follows it, will be propagatatward
at the speed of sound. The speed of sound varEndang on the average elasticity and density ®htiedium in
which the sound is propagated, but a good workiggyé for air is about 35,000 centimeters per sdcon
approximately 783 miles per hour. Although Figuré Gives a reasonably good idea of how sound piatpay
works, it is misleading in two respects. First, fitale is inaccurate to an absurd degree: a Siogiie inch of air
contains approximately 400 billion molecules, aontlthe handful of particles shown in the figuren€equently,
the compression and rarefaction effects are statisaither than strictly deterministic as showrrigure 3-7.
Second, although Figure 3-7 makes it appear teadithpressure disturbance is propagated in a sistpight line
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from the vibrating object, it actually travels ith directions from the source. This idea is capdusemewhat better
in Figure 3-8, which shows sound propagation in tithe three dimensions in which the disturbanidebe
transmitted. The figure shows rod and piston cotatkto a wheel spinning at a constant speed. Ctethéa the
piston is a balloon that expands and contracteepiston moves in and out of the cylinder. Astibboon expands
the air particles are compressed; i.e., air pressumomentarily higher than atmospheric. Convgrsehen the
balloon contracts the air particles are sucked idyasulting in rarefaction. The alternating coegsion and
rarefaction waves are propagated outward in adlations form the source. Only two of the three disiens are
shown here; that is, the shape of the pressurerbdisice is actually spherical rather than the trgoattern that is
shown here. Superimposed on the figure, in thelglapeled “one line of propagation,” is the resgtair pressure
waveform. Note that the pressure waveform takes bigh value during instants of compression arahavialue
during instants of rarefaction. The figure alsoegigsome idea of where the teamiform circular motion comes
from. If one were to make a graph plotting the hef the connecting rod on the rotating wheel &sation of
time it would trace out a perfect sinusoid; i.eithvexactly the shape of the pressure waveformishstiperimposed
on the figure.
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Figure 3-8.lllustration of the propagation of a sound wavéwo dimensions.

The Sound Pressure Waveform

Returning to Figure 3-7 for a moment, imagine thatchose some specific distance from the tuningtim
observe how the movement and density of air pagichried with time. We would see individual airtjzdes
oscillating small distances back and forth, andéfmonitored particle density we would find thagthparticle
density (high air pressure) would be followed a reatrater by relatively even particle spacing (atpteeric
pressure), which would be followed by a momentrlatewide particle spacing (low air pressure), andn.
Therefore, for an object that is vibrating sinusdlig a graph showing variations imstantaneous air pressure
over time would also be sinusoidal. This is illastd in Figure 3-9.

The vibratory patterns that have been discusséardwmve all been sinusoidal. The concept of astiidl has
not been formally defined, but for our purposas &nough to know that a sinusoid has preciselptheoth shape
that is shown in Figures such as 3-4 and 3-5. Wiiilasoids, also known @sire tones have a very special place
in acoustic theory, they are rarely encounterethinre. The sound produced by a tuning fork cornés glose to a
sinusoidal shape, as do the simple tones thatsae in hearing tests. Much more common in bothcdpead music
are more complex, nonsinusoidal patterns, to beudied below. As will be seen in later chapteessdltcomplex
vibratory patterns play a very important role irsph.

The Frequency Domain
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Figure 3-8.Figure not yet drawn. The picture above is justaag@holder.

We now arrive at what is probably the single miogtortant concept for understanding both hearirdysgreech
acoustics. The graphs that we have used up tpdins$ for representing either vibratory motiontloe air pressure
disturbance created by this motion are catie® domain representations These graphs show how instantaneous
displacement (or instantaneous air pressure) vaviestime. Another method for representing eigeind or
vibration is called #requency domain representation also known as spectrum. There are, in fact, two kinds of
frequency domain representations that are uselda@cterize sound. One is calledaamplitude spectrum (also
known as anagnitude spectrumor apower spectrum,depending on how the level of the signal is represd
and the other is calledpasespectrum. For reasons that will become clear soon, the gl spectrum is by far
the more important of the two. An amplitude spettia simply a graph showing what frequencies aesgmt with
what amplitudes. Frequency is given along the % arid some measure of amplitude is given on thésy A phase
spectrum is a graph showing what frequencies asept with what phases.

Figure 3-10 shows examples of the amplitude ard@lspectra for several sinusoidal signals. Thpaog!
shows a time-domain representation of a sinusdid a&vperiod of 10 ms and, consequently, a frequed90 Hz
(f=1/t = 1/0.01 sec = 100 Hz). The peak-to-peaplktude for this signal is 408Pa, and the signal has a phase of
90°. Since the amplitude spectrum is a graph showinat frequencies are present with what amplituthes,
amplitude spectrum for this signal will show a $inline at 100 Hz with a height of 40@Pa. The phase spectrum is
a graph showing what frequencies are present witht whases, so the phase spectrum for this sighahow a
single line at 100 Hz with a height of @0 he second panel in Figure 3-10 shows a 200 msseid with a peak-to-
peak amplitude of 206Pa and a phase of 18@onsequently, the amplitude spectrum will shosingle line at 200
Hz with a height of 100Pa, while the phase spectrum will show a line & B@ with a height of 180

Complex Periodic Sounds

Sinusoids are sometimes referred tgiagple periodic signals. The term "periodic" means that there is a
pattern that repeats itself, and the term "simple&ns that there is only one frequency compon&sept. This is
confirmed in the frequency domain representatiarfsigure 3-10, which all show a single frequencsnponent in
both the amplitude and phase spedframplex periodic signals involve the repetition of a nonsinusojaitern,
and in all cases, complex periodic signals comdigtore than a single frequency compondédfitnonsinusoidal
periodic signals are considered complex periodic.
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Figure 3-10.Time and frequency domain representations of thimesoids. The frequency domain
consists of two graphs: an amplitude spectrum gplthae spectrum. An amplitude spectrum is a
graph showing what frequencies are present with amgplitudes, and a phase spectrum is a graph
showing the phases of each frequency component.

Figure 3-11 shows several examples of complexogdarisignals, along with the amplitude spectratffiese
signals. The time required to complete one cycldefcomplex pattern is called thendamental period. This is
precisely the same concept as the tpamod that was introduced earlier. The only reason fangithe term
"fundamental period" instead of the simpler terrarfpd” for complex periodic signals is to differiate the
fundamental period (the time required to complete oycle of the pattern as a whole) from otherqukrithat may
be present in the signal (e.g., more rapid osmhatthat might be observed within each cycle). 3ymabol for
fundamental period ig.tFundamental frequency(f,) is calculated from fundamental period using e kind of
formula that we used earlier for sinusoids:

fo= 1/,

The signal in the top panel of Figure 3-11 hasra@l&mental period of 5 ms, sg =f1/0.005 = 200 Hz.

Examination of the amplitude spectra of the sigmalFigure 3-11 confirms that they do, in facthsist of
more than a single frequency. In fact, complexqhici signals show a very particular kind of amplgwspectrum
called aharmonic spectrum A harmonic spectrum shows energy at the fundaahé&eiquencyand at whole
number multiples of the fundamental frequenEgr example, the signal in the top panel of Fég8Hll has energy
present at 200 Hz, 400 Hz, 600 Hz, 800 Hz, 1,00012@0 Hz, and so on. Each frequency componetigin t
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Figure 3-11.Time and frequency domain representations of tboeeplex periodic signals.
Complex periodic signals have harmonic spectrd) afitergy at the fundamental frequengy &hd
at whole number multiples of ffy 2, fy 3, fy 4, etc.) For example, the signal in the upper ieifth a
fundamental frequency of 200 Hz, shows energy @tk28, 400 Hz, 600 Hz, etc. In the spectra on
the right, amplitude is measured in arbitrary unfise main point being made in this figure is the
distribution of harmonic frequencies at whole nummeltiples of § for complex periodic signals.

amplitude spectrum of a complex periodic signalalled aharmonic (also known as partial ). The fundamental
frequency, in this case 200 Hz, is also calleditiseharmonic, the 400 Hz componentx) is called the second
harmonic, the 600 Hz componentx3) is called the third harmonic, and so on.

The second panel in Figure 3-11 shows a complardie signal with a fundamental period of 10 mslan
consequently, a fundamental frequency of 100 He. Fdrmonic spectrum that is associated with tigisaiwill
therefore show energy at 100 Hz, 200 Hz, 300 H@,H8, 500 Hz, and so on. The bottom panel of Figitd
shows a complex periodic signal with a fundamepéaiod of 2.5 ms, a fundamental frequency of 400 &tz
harmonics at 400, 800, 1200, 1600, and so on. bithiat there two completely interchangeable wayefme the
term fundamental frequency. In the time domain ftimelamental frequency is the number of cyclehefdomplex
pattern that are completed in one second. In #gufEncy domain, except in the case of certain apgignals, the
fundamental frequency is the lowest harmonic inithemonic spectrum. Also, the fundamental frequatefines
the harmonic spacing; that is, when the fundamdrgglency is 100 Hz, harmonics will be spacedof Hz
intervals (i.e., 100, 200, 300 ...), when the fundatal frequency is 125 Hz, harmonics will be spaatel25 Hz
intervals (i.e., 125, 250, 375...), and when thedmental frequency is 200 Hz, harmonics will bacspl at 200 Hz
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Figure 3-12.Time and frequency domain representations of thogetransient complex aperiodic
signals. Unlike complex periodic signals, compleergodic signals show energy that is spread
across the spectrum. This type of spectrum isadiémseor continuous. These spectra have a very
different appearance from the “picket fence” lobéttis associated with tliiscrete, harmonic
spectra of complex periodic signals.

intervals (i.e., 200, 400, 600 ...). (For some &designals this will not be the cadeSo, when §is low, harmonics
will be closely spaced, and wheyig high, harmonics will be widely spaced. Thislsarly seen in Figure 3-11: the
signal with the lowest,f(100 Hz, the middle signal) shows the narrowestoaic spacing, while the signal with
the highestdf (400 Hz, the bottom signal) shows the widest haiimspacing.

There are certain characteristics of the spedtcamplex periodic sounds that can be determinechaking
simple measurements of the time domain signaltlage: are certain other characteristics that recauimore
complex analysis. For example, simply by examirhrgsignal in the bottom panel of Figure 3-11 we ca
determine that it is complex periodic (i.e., ipsriodic but not sinusoidal) and therefore it whiow a harmonic
spectrum with energy at whole number multiplesheffundamental frequency. Further, by measuring the
fundamental period (2.5 ms) and converting it fistedamental frequency (400 Hz), we are able tordete that
the signal will have energy at 400, 800, 1200, 1&®0. But how do we know the amplitude of eacthete

2There are some complex periodic signals that haeegg atodd multiples of the fundamental frequency onlysduare wavefor
example, is a signal that alternates between maxipusitive amplitude and maximum negative amplitdde spectrum of square wave shows
energy at odd multiples of the fundamental freqyendy. Also, a variety of simple signal processtrigks can be used to create signals with
harmonics at any arbitrary set of frequencies.axample, it is a simple matter to create a sigrihl @nergy at 400, 500, and 600 Hz only.
While these kinds of signals can be quite usefutémducting auditory perception experiments, ibaéns true that most naturally occurring
complex periodic signals have energy at all whaimber multiples of the fundamental frequency.
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Figure 3-13.Time and frequency domain representations of thiegesients. Transients are complex
aperiodic signals that are defined by their brigfation. Pops, clicks, and the sound gun fire are
examples of transients. In common with longer tlonacomplex aperiodic signals, transients show
denseor continuous spectra, very unlike the discrete, harme@pectra associated with complex peri

frequency components? And how do we know the pbhsach component? The answer is that you cannot
determine harmonic amplitudes or phases simplybpeécting the signal or by making simple measurésnarthe
time domain signals with a ruler. We will see solat a technique calldeburier analysisis able to determine
both the amplitude spectrum and the phase spectfamy signal. We will also see that the inner edilsumans
and many other animals have developed a trickishatile to produce a neural representation thadnsparable in
some respects to an amplitude spectrumwiealso see that the ear has comparable trick for deriving a
representation that is equivalent to a phase spacfrhis explains why the amplitude spectrum isfiare
important for speech and hearing applications tharphase spectrum. We will return to this poitera

To summarize: (1) a complex periodic signal is pasiodic signal that is not sinusoidal, (2) compperiodic
signals have energy at the fundamental frequepwtiti at whole number multiples of the fundamefmegjuency
(2 xf,, 3xf,, 4xf,...), and (3) although measuring the fundamentgjuency allows us to determine thequency
locationsof harmonics, there is no simple measurementcratell us harmonic amplitudes or phases. Foy this
Fourier analysis or some other spectrum analystinique is needed.

Aperiodic Sounds

An aperiodic sound is any sound that does not show a repeadittgrn in its time domain representation.
There are many aperiodic sounds in speech. Exanmulesle the hissy sounds associated with fricatsugch as /f/
and /s/, and the various hisses and pops assogvétedrticulatory release for the stop consondmnis,g,p,t,k/.
Examples of non-speech aperiodic sounds includemmer's cymbal or snare drum, the hiss produceal by
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Figure 3-14.lllustration of the principle underlying Fourienalysis. The complex periodic signal
shown in paned was derived by point-for-point summation of theusioidal signals shown in
panelsa-d. Point-for-point summation simply means beginradgime zero (i.e., the start of the
signal) and adding the instantaneous amplitudégobs$a to the instantaneous amplitude of sigmal
at time zero, then adding that sum to the instaaas amplitude of signal also at time zero, then
adding that sum to instantaneous amplitude of sigaatime zero. The sum of instantaneous
amplitudes at time zero of signals a-d is the imstaeous amplitude of the composite signa

time zero. For example, at time zero the amplitufesnusoids a-d are 0, +100, -200, and 0,
respectively, producing a sum of -100. This agreds the instantaneous amplitude at the very
beginning of composite signal e. The same summatiocedure is followed for all time points.

radiator, and static sound produced by a poorlgduadio. There are two types of aperiodic sou(idsontinuous
aperiodic sounds (also known amise and (2)transients. Although there is no sharp cutoff, the distinatio
between continuous aperiodic sounds and transiebtssed on duration. Transients (also "pops" ahicks") are
defined by their very brief duration, and contins@periodic sounds are of longer duration. Figuit® 3hows
several examples of time domain representationsaamglitude spectra for continuous aperiodic souiitis. lack of
periodicity in the time domain is quite evidentatlis, unlike the periodic sounds we have seemegtiseno pattern
that repeats itself over time.

All aperiodic sounds -- both continuous and transi- are complex in the sense that they alwagsisbof
energy at more than one frequency. The charaéteféstture of aperiodic sounds in the frequency dions a
denseor continuous spectrum which stands in contrast to the harmonic specthahis associated with complex
periodic sounds. In a harmonic spectrum, ther@ésgy at the fundamental frequency, followed byp with little
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Figure 3-15.A signal enters a Fourier analyzer in the time daraad exits in the frequency domain.
As outputs, the Fourier analyzer produces two feegy-domain representations: an amplitude
spectrum that shows the amplitude of each sinusoaaponent that is present in the input signal,

a phase spectrum that shows the phase of each sinihsoids. The input signal can be reconstructed
perfectly by summing sinusoids at frequencies, &og#s, and phase that are shown in the Fourier
amplitude and phase spectra, using the summingométiat is illustrated in Figure 3-14..

or no energy, followed by energy at the second baia) followed by another gap, and so on. The speaiit
aperiodic sounds do not share this "picket fenpgkarance. Instead, energy is smeared more-ocdesisiuously
across the spectrum. The top panel in Figure 3hb®s a specific type of continuous aperiodic socaitedwhite
noise.By analogy to white light, white noise has a Hatplitude spectrum; that is, approximately equabléode at
all frequencies. The middle panel in Figure 3-1@vehithe sound /s/, and the bottom panel shows stitiitbtice
that the spectra for all three soundsdease that is, they do not show the "picket fence" |dlo&t reveals harmonic
structure. As was the case for complex periodicideuthere is no way to tell how much energy thghebe at
different frequencies by inspecting the time donsgmal or by making any simple measures with arrulikewise,
there is no simple way to determine the phase spacSo, after inspecting a time-domain signal deigrmining
that it is aperiodic, all we know for sure is titawill have a dense spectrum rather than a harogméctrum.

Figure 3-13 shows time domain representationsaamglitude spectra for three transients. The tramgnethe
top panel was produced by rapping on a wooden deslsecond is a single clap of the hands, anthtrewas
produced by holding the mouth in position for tlevel /o/, and tapping the cheek with an index fim@éote the
brief durations of the signals. Also, as with coatius aperiodic sounds, the spectra associatedrarthients are
dense; that is, there is no evidence of harmomjarzation. In speech, transients occur at thaumsif articulatory
release for stop consonants. There are also semgadges, such as the South African languages Boltientot,
and Xhosa, that contain mouth clicks as part daf thieonemic inventory (MacKay, 198@ourier Analysis

Fourier analysisis an extremely powerful tool that has widespragplications in nearly every major branch
of physics and engineering. The method was develbgghe 18 century mathematician Joseph Fourier, and
although Fourier was studying thermal waves atithe, the technique can be applied to the frequameyysis of
any kind of wave. Fourier's great insight was tlsealvery thatll complex waves can be derived by adding
sinusoids togetheso long as the sinusoids are of the appropniatpiencies, amplitudes, and phases. For example,
the complex periodic signal at the bottom of Fig8«®4 can be derived by summing sinusoids at 100, 200, and
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400 Hz, with each sinusoidal component having thpldude and phase that is shown in the figure {se&aption
of Figure 3-14 for an explanation of what is mdaynsumming the sinusoidal components). The assomghiat all
complex waves can be derived by adding sinusomisther is calledrourier's theorem, and the analysis technique
that Fourier developed from this theorem is caledrier analysis. Fourier analysis is a mathemitiézdnique
thattakes a time domain signal as its input andrdghes: (1) the amplitude of each sinusoidal campbthat is
present in the input signal, and (2) the phaseok sinusoidal component that is present in thetisjgnal.

Another way of stating this is that Fourier anadytsikes a time domain signal as its input and prestwo

frequency domain representations as output: (Bnaplitude spectrum, and (2) a phase spectrum.

The basic concept is illustrated in Figure 3-1Biclh shows a time domain signal entering the Foamalyzer.
Emerging at the output of the Fourier analyzemnismplitude spectrum (a graph showing the amplibfdsach
sinusoid that is present in the input signal) amhase spectrum (a graph showing the phase oseagdoid that is
present in the input signal). The amplitude spewttells us that the input signal contains: (1) B20sinusoid with
an amplitude of 10&Pa, a 400 Hz sinusoid with an amplitude of 28@&, and a 600 Hz sinusoid with an amplitude
of 50nPa. Similarly, the phase spectrum tells us thaR@@Hz sinusoid has a phase of,98e 400 Hz sinusoid
has a phase of 18and the 600 Hz sinusoid has a phase of.27Bourier's theorem is correct, we should besabl
to reconstruct the input signal by summing sinusaitd200, 400, and 600 Hz, using the amplitudespaades that

are shown. In fact, summing these three sinusaitlsi$ way wouldpreciselyreproduce the original time domain
signal; that is, we would get back an exact repicaur original signal, and not just a rough apjoraation to it.

For our purposes it is not important to understamd Fourier analysis works. The most importanhpis
Fourier's idea that, visual appearances asidepaiplex waves consist of sinusoids of varying fesgies,
amplitudes, and phases. In fact, Fourier analygities not only to periodic signals such as thdeaws in Figure
3-15, but also to noise and transients. In faet,amplitude spectra of the aperiodic signals shiowrigure 3-13
were calculated using Fourier analysis. In lateptars we will see that the auditory system is blderive a
neural representation that is roughly comparabbe Fourier amplitude spectrum. However, as was ioeed
earlier, the auditory system does not derive agsgtation comparable to a Fourier phase speciara.result,
listeners are very sensitive to changes in the itudgl spectrum but are relatively insensitive taraies in phase.

Some Additional Terminology

Overtones vs. HarmonicsThe termovertoneand the term harmonic refer to the same concegy; dahe just
counted differently. As we have seen, in a harmeartes such as 100, 200, 300, 400, etc., the X0fbhiponent
can be referred to as either the fundamental frecyuer the first harmonic; the 200 Hz componerthessecond
harmonic, the 300 Hz component is the third harmaanid so on. An alternative set of terminology ldaefer to
the 100 Hz component as the fundamental frequehey200 Hz component as tfiest overtone, the 300 Hz
component as theecond overtongand so on. Use of the term overtone tends tabaréd by those interested in
musical acoustics, while most other acousticiand te use the term harmonic.

Octaves vs. HarmonicsAn octaverefers to a doubling of frequency. So, if we beafi100 Hz, the next octave up
would 200 Hz, the next would be 400 Hz, the nextildoe 800 Hz, and so on. Note that this is quifferént from
a harmonic progression. A harmonic progressionriyeégg at 300 Hz would be 300, 600, 900, 1200, 1869,

while an octave progression would be 300, 600, 12800, 4800, etc. There is something auditorilyunal about
octave spacing, and octaves play a very importdatin the organization of musical scales. For eplanon a piano
keyboard, middle A (4 is 440 Hz, A above middle A @his 880 Hz, Ais 1,760 and so on. (See Box 3-2).

Wavelength: The concept ofvavelengthis best illustrated with an example given by SrE#73). Small asks us
to imagine dipping a finger repeatedly into a pedofl water at a perfectly regular interval. Eachetithe finger hits
the water, a wave is propagated outward, and wédnsme a pattern formed consisting of a serieoonfentric
circles (see Figure 3-16). Wavelength is simplydistance between the adjacent waves. Precisebatine concept
can be applied to sound waves: wavelength is sitfy@ydistance between one compression wave antetigor
one rarefaction wave and the next or, more genethk distance between any two corresponding painadjacent
waves). For our purposes, the most important goibe made about wavelength is that there is alsimp
relationship between frequency and wavelength. dgJgie puddle example, imagine that we begin byidgppur
finger into the puddle at a very slow rate; thatiigh a low "dipping frequency." Since the wavesé a long
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Figure 3-16.Wavelength is a measure of the distance betweetrdse of one cycle of a wave and the
crest of the next cycle (or trough to trough orfaat, the distance between any two corresponding
points in the wave). Wavelength and frequency eleed to one another. Because the wave has
short time to travel from one cycle to the nexghhirequencies produce short wavelengths.
Conversely, because of the longer travel times,flequencies produce long wavelengths.

period of time to travel from one dip to the neke wavelength will be large. By the same reasqriimg
wavelength becomes smaller as the "dipping freqgleisdncreased; that is, the time allowed for teeve to travel
at high "dipping frequency" is small, so the wawngjih is small. Wavelength is a measure of distaacd,the
formula for calculating wavelength is a straightfard algebraic rearrangement of the familiar "disea= ratex
time" formula from junior high school.

| = cff, where: | = wavelength
¢ = the speed of sound
f = frequency

By rearranging the formula, frequency can be cateul if wavelength and the speed of sound are known
f=cl

Spectrum Envelope:The termspectrum envelopeefers to an imaginary smooth line drawn to erelas
amplitude spectrum. Figure 3-17 shows several ele@npphis is a rather simple concept that will pdayery
important role in understanding certain aspectsudiitory perception. For example, we will see that perception
of a perceptual attribute call¢idhbre (also calledsound quality) is controlled primarily by the shape of the
spectrum envelope, and not by the fine detailb@fmplitude spectrum. The examples in Figure 8hbriv how
differences in spectrum envelope play a role ingligg differences in one specific example of timballed
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Figure 3-17.A spectrum envelope is an imaginary smooth lingvdrto enclose an amplitude
spectrum. Panebsandb show the spectra of two signals (the vowé) Wwith different fundamental
frequencies (note the differences in harmonic sggdiut very similar spectrum envelopes. Paoels
andd show the spectra of two signals with differentcipem envelopes (the vowels /i/ and /u/ in this
case) but the same fundamental frequencies fig2sadme harmonic spacing).

vowel quality (i.e., whether a vowel sounds like /i/ vs. /a/ A, etc.). For example, panasndb in Figure 3-17
show the vowel // produced at two different fundamental frequendiége know that the fundamental frequencies
are different because one spectrum shows wide hacrspacing and the other shows narrow harmonicisgg
The fact that the two vowels are heard as /a/ teetipe difference in fundamental frequency cantbiéated to fact
that these two signals have similar spectrum empesioPanels andd in Figure 3-17 show the spectra of two
signals with different spectrum envelopes but timae fundamental frequency (i.e., with the same baren
spacing). As we will see in the chapter on audifmyception, differences in fundamental frequerreypeerceived
as differences in pitch. So, for signals (a) andr{b-igure 3-17, the listener will hear the samevel produced at
two different pitches. Conversely, for signalsgoy (d) in Figure 3-17, the listener will hear tdifferent vowels
produced at the same pitch. We will return to thiecept of spectrum envelope in the chapter on aydit
perception.

Amplitude Envelope: The term amplitude envelope refers to an imagisangoth line that is drawn on top of a
time domain signal. Figure 3-18 shows sinusoidsdhaidentical except for their amplitude envekgéecan be
seen that the different amplitude envelopes refléttrences in the way the sounds are turned droéin For
example, panead shows a signal that is turned on abruptly andeiwff abruptly; pandd shows a signal that is
turned on gradually and turned off abruptly; andsoDifferences in amplitude envelope have an gt effect
on the quality of a sound. As we will see in thaputier on auditory perception, amplitude envelofmawith
spectrum envelope discussed above, is anothergathysirameter that affedisnbre or sound quality. For
example, piano players know that a given note salind different depending on whether or not thepdagnpedal
is used. Similarly, notes played on a stringedimaent such as a violin or cello will sound differeepending on
whether the note is plucked or bowed. In both cabesunderlying acoustic difference is amplitudeedope.



The Physics of Sound 18

Signals Differing in Amplitude Envelope
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Figure 3-18.Amplitude envelope is an imaginary smooth line draaenclose a time-domain signal.
This feature describes how a sound is turned ortianéd off; for example, whether the sound is
turned on abruptly and turned off abruptly (paaelturned on gradually arntdrned off abruptly (pan
b), turned on abruptly and turned off gradually (glam), or turned on and off gradually (park!
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Acoustic Filters

As will be seen in subsequent chapters, acoulgdiig plays a central role in the processingadind by the
inner ear. The human vocal tract also serves asamstic filter that modifies and shapes the sirsplends that are
created by the larynx and other articulators. R reason, it is quite important to understand hoaustic filters
work. In the most general sense, the term filtéereeto a device or system that is selective atimikinds of things
that are allowed to pass through versus the kifittsirogs that are blocked. An oil filter, for exalapis designed to
allow oil to pass through while blocking particlefsdirt. Of special interest to speech and heasirignce are
frequency selectivdilters. These are devices that allow some freqiganto pass through while blocking or
attenuating other frequencies. (The terattenuate means to weaken or reduce in amplitude).

A simple example of a frequency selective filtemh the world of optics is a pair of tinted sungkes A piece
of white paper that is viewed through red tintedglasses will appear red. Since the original pefqeaper is
white, and since we know that white light consédtall of the visible optical frequencies mixeddqual amounts,
the reason that the paper appears red througledhtnted glasses is that optical frequencies dtraer those
corresponding to red are being blocked or atteduayethe optical filter. As a result, it is primigrthe red light that
is being allowed to pass through. (Starting atdheest optical frequency and going to the highlégitt will appear
red, orange, yellow, green, blue, indigo, and ¥iple

A graph called &requency response curvés used to describe how a frequency selectiver filtill behave. A
frequency response curve is a graph showing hovgegra different frequencies will be affected b fiiter.
Specifically, a frequency response curve plotsralte called "gain" as a function of variationgle frequency of
the input signal. Gain is the amount of amplifioatprovided by the filter at different signal fremcies. Gains are
interpreted as amplitude multipliers; for examplappose that the gain of a filter at 100 Hz is £.8.100 Hz
sinusoid enters the filter measuring 10 uPa, thelitude at the output of the filter at 100 Hz wileasure 13Pa
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Figure 3-19.Frequency response curves for three optical filEhe lowpass filter on the left allows
low frequencies to pass through, while attenuatinglocking optical energy at higher frequencies.
The highpass filter in the middle has the oppasditect, allowing high frequencies to pass through,
while attenuating or blocking optical energy at éfrequencies. The bandpass filter on the right
allows a band of optical frequencies in the ceafehe spectrum to pass through, while attenuaiing
blocking energy at higher and lower frequencies.

(10mPa x 1.3 = 13rPa). The only catch in this scheme is that gainsacal very frequently are less than 1, meaning
that the effect of the filter will be to attenudite signal. For example, if the gain at 100 Hz.t @ 10mPa input

signal at 100 Hz will measurerf?a at the output of the filter. When the filtermga 1.0, the signal is unaffected by
the filter; i.e., a0 nfPa input signal will measure 1Pa at the output of the filter.

Figure 3-19 shows frequency response curves farakoptical filters. Panel a shows a frequencpoase
curve for the red optical filter discussed in tlxample above. If we put white light into the filiarpanel a, the
signal amplitude at the output of the filter wi# high only when the frequency of the input sigadbw. This is
because the gain of the filter is high only in iin-frequency portion of the frequency-responseveut his is an
example of dowpassfilter; that is, a filter that allows low frequerd to pass through. Panel b shows an optical
filter that has precisely the reverse effect omngit signal; that is, this filter will allow higfrequencies to pass
through while attenuating low- and mid-frequenaynsils. A white surface viewed through this filteywid
therefore appear violet. This is an example bighpassfilter. Panel ¢ shows the frequency response ciave
filter that allows a band of energy in the centiethe spectrum to pass through while attenuatiggaicomponents
of higher and lower frequency. A white surface \eéevthrough this filter would appear green. Thisaled a
bandpassfilter.

Acoustic filters do for sound exactly what optifiiers do for light; that is, they allow some drgencies to pass
through while attenuating other frequencies. Toagkeétter idea of how a frequency response curme@sured,
imagine that we ask a singer to attempt to shatteystal wine glass with a voice signal alones&e how the
frequency response curve is created we have to makeather unrealistic assumptions: (1) we neeasgume that
the singer is able to produce a seriepwk tonef various frequencies (the larynx, in fact, proelsia complex
periodic sound and not a sinusoid), and (2) theliwmdes of these pure tones are always exactlgdimee. The wine
glass will serve as the filter whose frequency oese curve we wish to measure. As shown in Figtt@,3ve
attach a vibration meter to the wine glass, ande¢hding on this meter will serve as our measuigiut
amplitude for the filter. For the purpose of thimmple, will assume that the signal frequency nddddoreak the
glass is 500 Hz. We now ask the singer to produt@afrequency signal, say 50 Hz. Since this faty is quite
remote from the 500 Hz needed to break the glaesputput amplitude measured by the vibration metiébe
quite low. As the singer gets closer and clos¢h¢arequired 500 Hz, the measured output amplitviléncrease
systematically until the glass finally breaks. & assume that the glass does not break but raihenes a
maximum amplitude just short of that required tattdr the glass, we can continue our measuremeheof
frequency response curve by asking the singerddyme signals that are increasingly high in fregyelve would
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Figure 3-20.lllustration of how the frequency response curve ofystal wine glas
might be measured. Our singer produces a serigigagoids that are identical in
amplitude but cover a wide range of frequenciebigpart of the example is
unrealistic: the human larynx produces a complemdaather than a sinusoid.) The
gain of the wine glass filter can be traced outrtsasuring the amplitude of
vibration at the different signal frequencies.)

find that the output amplitude would become lowed dower the further we got from the 500 Hz natwibtating
frequency of the wine glass. The pattern thatasdd by our measures of output amplitude at eactalsfrequency
would resemble the frequency response curve weesalier for green sunglasses; that is, we wouldlsee
frequency response curve for a bandpass filter.

Additional Comments on Filters

Cutoff Frequency, Center Frequency, Bandwidth.The top panel of Figure 3-21 shows frequency nesp@urves
for two lowpass filters that differ in a parametatledcutoff frequency. Both filters allow low frequencies to pass
through while attenuating high frequencies; thierfd differ only in the frequency at which the attation begins.
The bottom panel of Figure 3-21 shows two highgitess that differ in cutoff frequency. There d@mo additional
terms that apply only to bandpass filters. In oureglass example above, the natural vibrating feeqy of the

wine glass was 300 Hz. For this reason, when #wufncy response curve is measured, we find thatitie glass
reaches its maximum output amplitude at 300 Hzs Thcalled theenter frequencyor resonanceof the filter. It

is possible for two bandpass filters to have theesaenter frequency but differ with respect to @perty called
bandwidth. Figure 3-22 shows two filters that differ in bandth. The tall, thin frequency response curve dbss
anarrow band filter. For this type of filter, output amplitudeaches a very sharp peak at the center frequemnty a
drops off abruptly on either side of the peak. otteer frequency response curve describegla bandfilter (also
calledbroad band. For the wide band filter, the peak that occurtha resonance of the filter is less sharp and the
drop in output amplitude on either side of the eeftequency is more gradual.

Fixed vs. Variable Filters.A fixed filter is a filter whose frequency respor@eve cannot be altered. For example,
an engineer might design a lowpass filter thanatites at frequencies above 500 Hz, or a banditassHat passes
with a center frequency of 1,000 Hz. It is alsogdoie to create a filter whose characteristicstwawaried. For
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Figure 3-21.Lowpass and highpass filters differing in cutoéfiduency.
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Figure 3-22.Frequency response curves for two bandpass fillighsidentical center
frequencies but different bandwidths. Both filtpesss a band of energy centered around
2000 Hz, but the narrow band filter is more selecthan the wide band filter; that is,
gain decreases at a higher rate above and belogettier frequency for the narrow band
filter than for the wide band filter

example, the tuning dial on a radio controls thateefrequency of a narrow bandpass filter thaivedl a single
radio channel to pass through while blocking ch#satall other frequencies. The human vocal timsah example
of a variable filter of the most spectacular sbdr example: (1) during the occlusion intervaltthecurs in the
production of a sound like /b/, the vocal tractdeds like a lowpass filter; (2) in the articulatgysture for sounds
like /s/ and /sh/ the vocal tract behaves likeghpass filter; and (3) in the production of vowélte vocal tract
behaves like a series of bandpass filters conndatede another, and the center frequencies oéthisrs can be
adjusted by changing the positions of the tongps, &nd jaw. To a very great extent, the productibspeech
involves making adjustments to the articulators tave the effect of setting the vocal tract filrediffer modes to
produce the desired sound quality. We will have Immore to say about this in later chapters.
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Frequency Response Curves vs. Amplitude Spectrii.is not uncommon for students to confuse a fregye
response curve with an amplitude spectrum. Thelakigds are rather similar: an amplitude spectriotsp
amplitude on the y axis and frequency on the x,axle a frequency response curve plots gain erythxis and
frequency on the x axis. The apparent similaritiesdeceiving, however, since a frequency respomse and an
amplitude spectrum display very different kindsrdgbrmation. The difference is thah amplitude spectrum
describes a sound while a frequency response aeseribes a filterFor any given sound wave, an amplitude
spectrum tells us what frequencies are presentwlitit amplitudes. A frequency response curve, erother hand,
describes a filter, and for that filter, it tells what frequencies will be allowed to pass throagt what frequencies
will be attenuated. Keeping these two ideas sepaviltbe quite important for understanding the kel played by
filters in both hearing and speech science.

Resonance

The concept ofesonancehas been alluded to on several occasions but hdsera formally defined. The term
resonance is used in two different but very closelgted ways. The term resonance refers to: € ptiernomenon
of forced vibration, and (2)natural vibrating frequency (alsoresonant frequencyor resonance frequency To
gain an appreciation for both uses of this terngagime the following experiment. We begin with twiemtical
tuning forks, each tuned to 435 Hz. Tuning forks/set into vibration and placed one centimeter fronng fork
B, but not touching it. If we now hold tuning fork B & healthy ear, we will find that it is produciag35 Hz tone
that is faint but quite audible, despite the faett it was not struck and did not come into physgsoaitact with
tuning fork A. The explanation for this "actionaidistance" phenomenon is that the sound wave gteteby
tuning fork A forces tuning fork B into vibratiothat is, the series of compression and rarefact@ves will
alternately push and pull the tuning fork, resugtin vibration at the frequency being generateduioyng fork A.
The phenomenon of forced vibration is not restddtethis "action-at-a-distance" case. The samexeffan be
demonstrated by placing a vibrating tuning forkcamtact with a desk or some other hard surface.iftbasity of
the signal will increase dramatically because timénig fork is forcing the desk to vibrate, resudtin a larger
volume of air being compressed and rarefied.

Returning to our original tuning fork experimestippose that we repeat this test usingmvigmatcheduning
forks; for example, tuning fork A with a naturagfuency of 256 Hz and tuning fork B with a natwibakating
frequency of 435 Hz. If we repeat the experimesétting tuning fork A into vibration and holdingabe centimeter
from tuning fork B — we will find that tuning forR does not produce an audible tone. The reasimatigorced
vibration is most efficient when the frequencytod driving force is closest to the natural vibraticequency of the
object that is being forced to vibrate. Another wayhink about this is that tuning fork B in thesgeriments is
behaving like a filter that is being driven by gignal produced by tuning fork A. Tuning forks fatt, behave like
rather narrow bandpass filters. In the experimatit matched tuning forks, the filter was being @rivby a signal
frequency corresponding to the peak in the filleeguency response curve. Consequently, the filteduced a
great deal of energy at its output. In the expeniméth mismatched tuning forks, the filter is bgidriven by a
signal that is remote from the peak in the filténegjuency response curve, producing a low ammitmatput signal.

To summarize, resonance refers to the abilitynaf wbrating system to force another system inboation.
Further, the amplitude of this forced vibrationlvaié greater as the frequency of the driving fapproaches the
natural vibrating frequency (resonance) of theeysthat is being forced into vibration.

Cavity Resonators

An air-filled cavity exhibits frequency selectipeoperties and should be considered a filter icipady the way
that the tuning forks and wine glasses mentionedalare filters. The human vocal tract is an dliedicavity that
behaves like a filter whose frequency responseecuavies depending on the positions of the artiotda Tuning
forks and other simple filters have a single resofi@quency. (Note that we will be using the tefmatural
vibrating frequency" and "resonant frequency" iobengeably.) Cavity resonators, on the other haand have an
infinite number of resonant frequencies.

3The increase in intensity that would occur as timéng fork is placed in contact with a hard surfdoes not mean that additional energy is
created. The increase in intensity would be otfged decrease in the duration of the tone, sodotaé amount of energy would not increase
relative to a freely vibrating tuning fork.
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Figure 3-23.Frequency response curves for three uniform tupes at one end and closed at the
other. These kinds of tubes have an infinite nunabeesonances at odd multiples of the lowest
resonance. As the figure shows, shortening the ghiits all resonances to higher frequencies while
lengthening the tube shifts all resonances to Idvegjuencies.

A simple but very important cavity resonator ie timiform tube. This is a tube whose cross-sectional area is
the same (uniform) at all points along its lengtlsimple water glass is an example of a unifornetuthe method
for determining the resonant frequency patterrafaniform tube will vary depending on whether thleet is closed
at both ends, open at both ends, or closed abnpesend. The configuration that is most directlglaable to
problems in speech and hearing is the uniform tbheis closed at one end and open at the otherTdrdear canal,
for example, is approximately uniform in cross-gawdl area and is closed medially by the ear drachapen
laterally. Also, in certain configurations the vbtract is approximately uniform in cross-sectioagda and is
effectively closed from below by the vocal foldglaspen at the lips. The resonant frequencies torifarm tube
closed at one end are determined by its length.|dWest resonant frequency;fFor this kind of tube is given by:

F. = c/4L, where: ¢ = the speed of sound
L = the length of the tube

For example, for a 17.5 cm tubg,Fc/4L = 35000/70 = 500 Hz. This tube will alsosban infinite number of
higher frequency resonancesdtd multiples of the lowest resonance:

F,= R . 1= 500 Hz
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F, = R x3 = 1500 Hz
F; = F . 5= 2500 Hz
F, = FR x 7 = 3,500 Hz

The frequency response curve for this tube fajfemcies below 4000 Hz is shown in the solid cimdéigure
3-23. Notice that the frequency response curve shpeaks at 500, 1500, 2500, and 3500 Hz, and galfey
between these peaks. The frequency response dufeet, looks like a number of bandpass filterareected in
series with one another. It is important to apatecthat what we have calculated here is a sefiestoral vibrating
frequencies of a tube. What this means is thatube will respond best to forced vibration if tieé is driven by
signals with frequencies at or near 500 Hz, 15002390 Hz, and so on. Also, thresonanfrequencies that were
just calculated should not be confused wiiltmonics Harmonics are frequency components that are préséhe
amplitude spectra of complex periodic sounds; rasbfrequencies are peaks in the frequency respnmrse of
filters.

We next need to see what will happen to the resdnequency pattern of the tube when the tubetleng
changes. If the tube is lengthened to 20 cm:

F,= c/4L = 35,000/80 = 437.5 Hz
F,= Fx3=1,312.5 Hz
Fs= F x5 =2,187.5 Hz
F,= F X7 = 3,062.5 Hz

It can be seen that lengthening the tube from &% 20 cm has the effect of shifting all of tksonant
frequencies downward (see Figure 3-23). Similahgrtening the tube has the effect of shiftingathe resonant
frequencies upward. For example, the resonant émsgupattern for a 15 cm tube would be:

F, = c¢/4L = 35,000/60 = 583.3 Hz
F,= FXx3=1,750 Hz

Fs= Fx5=2916.7 Hz

Fs= F x7=4,083.3 Hz

The general rule is quite simple: all else beiqgat, long tubes have low resonant frequencieshod tubes
have high resonant frequencies. This can be denadedteasily by blowing into bottles of variousdérs. The
longer bottles will produce lower tones than shobtattles. This effect is also demonstrated evieng ta water glass
is filled. The increase in the frequency of thermbthat is produced as the glass is filled occecabse the
resonating cavity becomes shorter and shorter as aiois displaced by water. This simple rule Ww#l quite
useful. For example, it can be applied directlyhim differences that are observed in the acousbipgsties of
speech produced by men, women, and children, whe ¥xacal tracts that are quite different in length.

Resonant Frequencies and Formant Frequencies

The term "resonant frequency" refers to naturatating frequency or, equivalently, to a peak fneguency
response curve. For reasons that are entirelyrtaatpif the filter that is being described happén be a human
vocal tract, the terformant frequencyis generally used. So, one typically refers toftirenant frequenciesf the
vocal tract but to theesonant frequencies a plastic tube, the body of a guitar, the diagin of a loudspeaker, or
most any other type of filter other than the vdcatt. This is unfortunate since it is possiblgén the mistaken idea
that formant frequencies and resonant frequenceditierent sorts of things. The two terms arefaiet, fully
synonymous.

The Decibel Scale

The final topic that we need to address in thistér is the representation of signal amplitudagistie decibel
scale. The decibel scale is a powerful and immgrftelible scale for representing the amplitudesound wave.
The scale can sometimes cause students difficaltgise it differs from most other measurement séalrot just
one but two ways. Most of the measurement scaldgswhich we are familiar ar@bsoluteandlinear. The decibel
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scale, however, iglative rather than absolute, atmharithmic rather than linear. Neither of these charactesstic
terribly complicated, but in combination they caaka the decibel scale appear far more obscurettigiwe will
examine these features one at a time, and thelmoseéhey are put together in building the decilvells.

Linear vs. Logarithmic Measurement Scales

Most measurement scales are linear. To say timasurement scale is linear means that it is basedjual
additivedistances. This is such a common feature of meamurescales that we do not give it much thought. Fo
example, on a centigrade (or Fahrenheit) scalensisuring temperature, going from a temperatuggto a
temperature of Flinvolvesaddingone . One rather obvious consequence of this simpléiaitigirule is that the
difference in temperature betweerf a0d 12 is the same as the difference in temperature leet®8 and 92.
However, there are scales for which this additivitie does not apply. One of the best known exasngléhe
Richter scale that is used for measuring seisnténsity. The difference in seismic intensity beta&ichter values
of 4.0 and 5.0, 5.0 and 6.0, 6.0 and 7.0 is notesoomstant amount of seismic intensity, but ratheonstant
multiple Specifically, a 7.0 on the Richter scale indisaa earthquake that is 10 times greater in irtiettsan an
earthquake that measures 6.0 on the Richter Riahdarly, an 8.0 on the Richter scale is 10 timgesater in
intensity than a 7.0. Whenever jumping from ondesgalue to the next involves multiplying by a ctamg rather
than adding a constant, the scale is called Idgarit (The multiplicative constant need not be 3€e Box 3-2 for
an example of a logarithmic scale — an octave ggsgjon — that uses 2 as the constant.) Anotheioivaaking the
same point is to note that the values along thétRicscale are exponents rather than ordinary nesnfoe
example, a Richter value of 6 indicates a seisntinisity of 16, a Richter value of 7 indicates a seismic intgnsit
10", etc. The Richter values can, of course, justelsive referred to gsowersor logarithmssince both of these
terms are synonyms fexponentThe decibel scale is an example of a logaritrsnale, meaning that it is based on
equal multiples rather than equal additive distance

Absolute vs. Relative Measurement Scales

A simple example of a relative measurement saatleeéMach scale that is used by rocket scientists to measure
speed. The Mach scale measures speed not in abgaiots but in relation to the speed of sound.example, a
missile at Mach 2.0 is traveling at twice the speksound, while a missile at Mach 0.9 is travel®0% of the
speed of sound. So, the Mach scale does not repr@seeasured speedJ3n absolute terms, but rather,
represents a measured speed in relation to a nefespeed (3S,). The reference that is used for the Mach scale is
the speed of sound, so a measured absolute speé&é canverted to a relative speed on the Macle sisasimple
division. For example, taking 783 mph as the spdesbund, 1,200 mph = 1200/783 = Mach 1.53. Thébdéscale
also exploits this relative measurement scheme dEbibel scale does not represent a measured itgtéiRg in
absolute terms, but rather, represents the rattooroéasured intensity to a reference intensiy,]!

The decibel scale is trickier than the Mach soalene important respect. For the Mach scale, éference is
always the speed of sound, but for the decibekscadny different references can be used. In exippihow the
decibel scale works, we will begin with the commpoused intensity reference of ¥ow/m? (watts per square
meter), which is approximately the intensity tisatéquired for an average normal hearing listeméiately detect a
1,000 Hz pure tone. So, for our initial pass thiothe decibel scale, ZOw/m? will serve as | and will perform the
same function that the speed of sound does fovitdeh scale. Table 3-1 lists several sounds thatrcawery broad
range of intensities. The second column shows tha&sored intensities of those sounds, and the ¢bitamn shows
the ratio of those intensities to our referencerisity. Whispered speech, for example, measuressdpmately 16°
w/m?, which is 10,000 times more intense than the esfiee intensity (1&10'% = 1¢°= 10,000). The main point to
be made about column 3 is that the ratios becomelame very soon. Even a moderately intense sdikad
conversational speech is 1,000,000 times moresatéman the reference intensity. The awkwardnedsalfng
with these very large ratios has a very simpletsmiu Column 4 shows the ratios written in exporamtotation,
and column 5 simplifies the situation even furthgrecording the exponent only. The term exponadttae term
logarithm are synonymous, so the measurement sctienis expressed by the numbers in column 5 ean b
summarized as follows: (1) divide a measured iriteiy a reference intensity (in this case;*3@/m?), (2) take the
logarithm of this ratio (i.e., write the numberarponential notation and keep the exponent onllyjs Tethod, in
fact, is a completely legitimate way to represégmal intensity. The unit of measure is called ltleg¢ after A.G.
Bell, and the formula is:
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bel = logy I/l;, where: }, = a measured intensity
I, = a reference intensity

Table 3-1. Sound intensities and intensity ratlasaéing how the decibel scale is created. Columhdivs the
measured intensities{)l of several sounds. Column 3 shows the ratio @¢hintensities to a reference intensity of
102 w/m?. Column 4 shows the ratio written in exponentiatiation while column 5 shows the exponent only. The
last column shows the intensity ratio expresseakiibels, which is simply the logarithm of the imgéy ratio
multiplied by 10.

Measured Ratio  Ratio Exponent  Decibel
Sound Intensity ) /1)  Exp. Not. (logig) (10 x logy)
Threshold 182 wim? 1 %0 0 0
@ 1 kHz
Whisper 168 w/n? 10,000 40 4 40
Conversational 10w/’ 1,000,000 %0 6 60
Speech
City Traffic 1d w/m? 100,000,000 %0 8 80
Rock & Roll 16G w/m? 10,000,000,000 %o 10 100
Jet Engine fowm? 1,000,000,000,000  *f0 12 120

Legitimate or not, the bel finds its sole applioatin textbooks attempting to explain the decibek reasons that
are purely historical, the lggof the intensity ratio is multiplied by 10, changibel into the decibel (dB). As shown
in the last column of Table 3-1, this has the \@mple effect of turning 4 bels into 40 decibelfqeds into 80
decibels, etc. The formula for the decibel, then,

dB,. = 10 logol /I, where:

a measured intensity
a reference intensity

Iy =
I =
The designation "IL" stands fartensity level and it indicates that the underlying measuremar@f sound

intensityand not soungressure As will be seen below, a different version oktformula is needed if sound
pressure measurements are used. The multiplichgid® in the dB formula is a simple operation, but it can
sometimes have the unfortunate effect of makingdhmula appear more obscure that it is. The déeilees that
are calculated, however, should be readily integinle. For example, 30 ¢Bmeans 3 factors of 10 more intense
than |, 60 dB. means 6 factors of 10 more intense thaarld 90 dB means 9 factors of 10 more intense than |

Deriving a Pressure Version of the dB Formula

In a simple world, we would be finished with thecibel scale. The problem is that the formula seolaon
measurements of sound intensity, but as a purelgtipel matter sound intensity is difficult to mees Sound
pressure, on the other hand, is quite easy to mea&n ordinary microphone, for example, is a puessensitive
device. The problem, then, is that the decibekiinéd in terms of intensity measurements, bunteasurements
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that are actually used will nearly always be measof sound pressure. This problem can be addresszzithere
is a predictable relationship between intensitya(ijl pressure (E): intensity is proportional tosptee squared:

ol E?
Knowing this relationship allows us to create a ptately equivalent version of the decibel formattwill work
when sound pressure measurements are used in$tg@wehad intensity measurements. All we need tosdo i

substitutesquaredpressure measurements in place of the intensitgumements:

dB,. = 10 logyl!, (intensity version of formula)
dBsp.= 10 logo E%/E? (pressure version of formula)

The designation "SPL" stands feound pressure levelnd it indicates that measures of sound presgwe been
used and not measures of sound intensity. AlthdlghiBsp, formula shown here will work fine, it will almost
never be seen in this form. The reason is thatahmula is algebraically rearranged so that theasgg operation is
not needed. The algebra is shown below:

(1) dB. =10 logolI, (the intensity version of the formula)

(2) dBsp =10 logoE%/E*> (measures offreplace measures of | becausg |E?)

(3) dBspL= 10 logo (En/E,)* (&/b” = (a/b})

(4) dBsp = 10%2 logioE/E; (this is the only tricky step: lod & b log a)

(5) stpLz 20 |0g0 Em/Er (2 x10 = 20)

With the possible exception of the fourth stepe algebra is straightforward, but the detailthefderivation
are less important than the following general mint

1. The decibel formula is defined in terms of irsiénratios. The basic formula is;
dB||_ =10 |Og0|m/|,.

2. While sound intensity is difficult to measureuad pressure is easy to measure. It is therefwessary to
derive a version of the decibel formula that woskeen measures of sound pressure are used instsad raf
intensity.

3. The derivation of the pressure version of thenfda is baseéntirelyon the fact that intensity is proportional to
pressure squareddi E ?). This allows measures of b replace measures of |, turning:,dB 10 logo /I, into
dBsp. = 10 logoE%/E/ A few algebra tricks are applied to turn thismioiia into the more aesthetically pleasing
final version: dBp_= 20 logoE/E;.

4. The two versions of the formula dtdly equivalento one another (see Box 3-3).
This last point about the equivalence of the isirand sound pressure versions of the formuéxjdained in

some detail in Box 3-3, but the basic point is gjgiimple. The pressure version of the dB formula derived from
the intensity version of the formula through algebmanipulations (based on this relationshipt E ). The whole

Step 4 is the only tricky part of derivation. Tleason it works is that squaring a number and thend a log is the same as taking
the log first, and then multiplying the log by Zxrfexample, note that the two calculations belowdpce the same result:

log 1010¢F = 10g1010,000 = 4 (square first, then take the log)
log 10100 = (log10100)x2=2x2=4 (take the log, then multiply2)
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Box 3-2

HARMONICS, OCTAVES, LINEAR SCALES, AND LOGARITHMIC SCALES

As we will see when the decibel scale is introdijtkere is an important distinction to be madeveen
linear scales, which are quite common, dogarithmic scales, which are less common but quite important.
This distinction can be illustrated by examining tifference between a harmonic progression arattve
progression. Notice that in a harmonic progresdiom spacing between the harmonics is always tine;stnat
is, the difference between,ldnd H is the same as the difference betweemihtl B, and so on. This is because
increases in frequency between one harmonic andekieinvolveadding a constantith the constant being
the fundamental frequency. For example:

Hy 500
H, 1000 (add 500)
Ha 1500 (add 500)

H, 2000 (add 500)

To get from one scale value to another on an egiawgression involves multiplying by a constatiea
than adding a constant. For example, an octavergssigpn starting at 500 Hz looks like this:

O, 500
O, 1000 (multiply by 2)
O 2000 (multiply by 2)

O4 4000 (multiply by 2)

As a result of the fact that we are multiplyingdgonstant rather than adding a constant, thergp&cno
longer even (i.e., the spacing betwegra@d Q is 500 Hz, the spacing between&hd Q is 1000 Hz, and so
on). The point to be made of this is that theretarefundamentally different kinds of scales: (tqles like
harmonic progressions that are created by addammstant, which are by far the more common, andd¢ales
like octave progressions that are created by niyiltip by a constant. Scales that are created bingdd
constant are calldihear scales, while scales that are created by multigliy a constant are called
logarithmic scales. Note that for an octave progression, tHépter happens to be 2, meaning that progressing
from one frequency to an octave above that frequenmlves multiplication by 2. However, a logaritic
scale can be built using any multiplier. We wilien to the distinction between linear and logamiih scales
when we talk about the decibel scale, and there/see that a logarithmic scale is built aroundltiplication
by a constant value of 10 rather than 2.
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point of algebra, of course, is to keep the exjpoassn the left equal to the expression on thetrighe simple and
useful point that emerges from this is this: Ifiatensity meter shows that a given sound measurekdg, for
examplea pressure meter will show that the same sound mesexactly 60 d&,. (This may seem
counterintuitive due to the differences in the fatas, but see Box 3-3 for the explanation.) Thewadence of the
two versions of the dB formula greatly simplifiétinterpretation of sound levels that are expksseecibels.

References

The reference that is used for the Mach scalknays the speed of sound. One of the virtues ofitwbel
scale is that any reference can be used as loimgsadearly specified. The only reference thas baen mentioned
so far is 10 w/nm?, which is roughly the audibility threshold for @@0 Hz pure tone. This is a standard reference
intensity, and unless otherwise stated it shoulddseimed that this is used when a signal levelisrted in di.

The standard reference that is used foged B 20nPa, so when a signal level is reported irgB should be
assumed that this reference is used unless otlestéted.

Many references besides these two standard refeseran be used. For example, suppose that a sgigaeh
is presented to a listener at an average leveb@® BPa in the presence of a noise signal whose avemgel

pressure is 1400Pa. The speech-to-noise ratio (S/N) can be repted@m a decibel scale, using the level of the
speech as fand the level of the noise as E

dBsn  =20logo B E
=20 log, 3500/1400

= 20loge 2.5
= 20 (0.39794)
= 7.96dB

To take one more example, assume that a voicerpatiior to treatment produces sustained vowels th
average 2306Pa. Following treatment the average sound presswre=ase to 8896Pa. The improvement in
sound pressure (post-treatment relative to prerreat) can be represented on a decibel scale:

dBImprovement =20 IOgO Epos{Epre
= 20 logy 8890/2300

= 20 log, (3.86522)
=20 (0.58717)
=11.74 dB

A final example can be used to make the pointttietecibel scale can be used to represent ibyeasios for
any type of energy, not just sound. Bright sunlighs a luminance measuring 100,000 édtandela per square
meter). Light from a barely visible star, on theathand, has a luminance measuring 0.0001%fif@ can now
ask how much more luminous bright sunlight is ilatien to barely visible star light, and the dBlscean be used
to represent this value. Since the underlying pafsjuanities here are measures of electromagnétissity, we
want the intensity version of the formula rathearththe pressure version.

dB =10 qu Isunligh[lstarlight
=10 logo 100000/0.0001
=10 log, 10°7/10*
=10 log, 10° (division is done by subtracting exponents: 54} & 9)
=10 (9)
=90dB

SThe standard pressure reference fogsdB sometimes given as 0.0002 dyneg/cather than 2@Pa. These two sound pressures are
identical, however, in exactly the same sense4latarts and 1 gallon are identical. Likewise,stamdard reference for @Bs often given as
10" wicn? instead of 107 w/m?. These two intensities are also identical.
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The fact that we are measuring light rather tlmamd makes no difference: a decibel is 1QJag/, (or,
equivalently, 20 log, E./E,), regardless of whether the energy comes fromadight, electrical current, or any
other type of energy.

dB Hearing Level (dBy.)

The dB Hearing Level (dig) scale was developed specifically for testing imepsensitivity for pure tones
of different frequencies. The sound-level dialscbnical audiometer§ for example, are calibrated in gBrather
than dBsp.. To understand the motivation for the,gBcale examine Figure 3-24, which shows the soewel [in
dBspy) required for the average, normal-hearing listd¢adrarely detect pure tones at frequencies betd2rand
8000 Hz. This is called theeudibility curve and the simple but very important point to noad®ut this graph is
that the curve is not a flat line; that is, the isatlearly more sensitive at some frequencies tihers. The
differences in sensitivity are quite large in sorases. For example, the average normal-hearimgdiswill barely
detect a 1000 Hz pure tone at 7sgBbut at 125 Hz the sound level needs to be craakede way up to 45 d8,,
an increase in intensity of nearly 4000:1. Now saggpwe were to test pure-tone sensitivity usinguatiometer that
is calibrated in dBs.. Imagine that a listener barely detects a 100@iHe tone at 25 df3,. Does this listener have
a hearing loss, and if so how large? The only wagrswer this question is to consult the dataguiféi 3-24, which
shows that the threshold of audibility for the age normal hearing listener at 1000 Hz is ZBrhis means that
the hypothetical listener in this example has aihgdoss of 25-7 = 18 dB. Suppose further thatsfwme listener
detects a 250 Hz tone at 3043B The table in Figure 3-24 shows that normal hggsensitivity at 250 Hz is 25.5
dBsp, meaning that the listener has slightly bettentharmal hearing at this frequency. As a final epkemn
imagine that this listener barely detects a 50Qde at 30 dB,. Since the table shows that normal hearing
sensitivity at 500 Hz is 11.5 @B, the listener has a hearing loss of 30.0-11.5.5 @dB. The simple point to be
made about these examples is that, with an audesrdet! that is calibrated in @B, it is not possible to determine
whether a listener has a hearing loss, or to medharsize of that loss, without doing some aritfieriavolving the
normative data in Figure 3-24. The@Bscale, however, provides a simple solution to phablem that avoids this
arithmetic entirely. The solution involves calibingt the audiometer in such a way that, when thelldial is set to
0 dBy, sound level is set to the threshold of audibilitythe average normal-hearing listefarthat signal
frequencyFor example, when the level dial is set to Q,d8t 125 Hz the level of tone will be 45 g3— the
threshold of audibility for the average normal fegdistener at this frequency. Now if a listenardly detects the
125 Hz tone at 0 di, no arithmetic is needed; the listener has noimating at this frequency. Further, if the
listener barely detects this 125 Hz tone at 40 dBr example, the listener must have a 40 dB #bshis frequency
—and again it is not necessary to consult theidatgure 3-24. Similarly, when the level dialsist to 0 dBR, at
250 Hz the level of the tone will be 25.54B which is the audibility threshold at 250 Hz.Hfd tone is barely
detected at 0 dB, the listener has normal hearing at this frequeroyvever, if the tone is not heard until the dial
is increased to 50 dB @B, for example, the listener has a 50 dB hearing &shis frequency. The same system is
used for all signal frequencies: in all cases, &l reference is not a fixed number as it is foggl§a constant
value of 20nPa, no matter what the signal frequency is) or @@ constant value of T8 watts/nf again
independent of signal frequency), but rather affaofinumbers. In each case the reference for Byg dcale ighe
threshold of audibility for an average, normal-higay listener at a particular signal frequendhat this means is
that values in dB,_ area fixed distance above the audibility curaéthough they may be very different levels in
dBsp. For illustration, Figure 3-25 shows the audilitiurve (the filled symbols) and, above that in tinéilled
symbols, a collection of values that all measurelBg . Although the sound levels on the 30,dBurve vary
considerably in dBs.(i.e. measured using 2fPa as the reference), every data point on thisecigra constant 3
factors of 10, or 30 dBgbove the audibility curvéhe value of 30 dB in this figure is just an exdnp@\ll values in
dBy. and dBp, are interpreted in the same way: 50;glBneans that the signal being measured is 100,085t
(i.e., 5 factors of 10) more intense than the firefdrence of 2@Pa, independent of frequency; 50dBon the
other hand, means that the signal being measufDi®00 times (again, 5 factors of 10) more irgghsn a tone
that is barely audible to a normal-hearing listeattethat signal frequency. Similarly, 20 giBmeans that the signal
is 20 dB (2 factors of 10) more intense than tkedireference of 20Pa, while 20 dB_ means that the signal is 20
dB (again, 2 factors of 10) above the audibilityveu

BA clinical audiometer is an instrument with, amaiier things, one dial that controls pure-tonedrsecy and another dial that controls the
intensity of the toneThe listener is asked to raise a hand when theisoparely audible.
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Summary

The decibel is a powerful scale for representigga amplitude. The scale has two important progsr(1)
similar to the Mach scale, it represents signatlieot in absolute terms but as a measured leviladi by a
reference level; and (2) like the Richter scale,dB scale is logarithmic rather than linear, megirhat it is based
on equal multiplicative distances rather than eaquaalitive distances. While the decibel is defimeterms of
intensity ratios, for practical reasons, measufe®ond pressure are far more common than meastisesind
intensity. Consequently, a version of the decibahiula was derived that makes use of pressuresrattber than
intensity ratios. The derivation was based on #u¢ that intensity is proportional to pressure sgdaThe two
versions of the decibel formula (gB= 10 logsol /I, and dBp, = 20 log,oE/E;) are fully equivalent, meaning that
if a sound measures 60 gBhat same sound will measure 60sgBUnlike the Mach scale, which always uses the
speed of sound as a reference, any number of nefesecan be used with the decibel scale. The sthneference
for the dB, scale is 18°w/m? and the standard reference for thegBcale is 20Pa. However, any level can be
used as a reference as long as it is specifieddBhescale, widely used in audiological assessment,deasloped
specifically for measuring sensitivity to pure terwd difference frequencies. The reference thaséd for the dB.
scale is the threshold of audibility at a particiiggnal frequency for the average, normal-headisigner. Sound
levels in dBp_and dB,_ are interpreted quite differently. For exampl@uae tone measuring 40 gB is 4 factors
of 10 (i.e., 40 dB) greater than the fixed SPL reffiee of 20rPa, while a pure tone measuring 4Q,d& 4 factors
of 10 (again, 40 dB) greater than a tone of thatestequency that is barely audible to an averagemal-hearing
listener.

Frequency Threshold

The Audibility Curve

% 125 45.0

70 | All of These Tones are Barely Audible 250 25.5

to the Average, Normal-Hearing Listener 500 11.5

¥ °0 By Definition, All Values on This Curve = 0 dB,, 750 8.0
T 50l 1000 7.0
= 1500 6.5
3 401 2000 9.0
2 30} 3000 10.0
3 4000 9.5
20¢ 6000 155
ol 8000  13.0

ol I,,,,,,,,T,,,,,,,T,,,,,,,CE’fiiff"ipf,,‘,,,,,,,,,‘
125 250 500 1000 2000 4000 8000
Frequency (Hz)

Figure 3-24.The threshold of audibility for the average, normearing listener for pure tones varying between
125 and 8000 Hz. The audibility threshold is thergblevel in dBp, that is required for a listener to barely de
a tone. Values on this curve are shown in the tabike right. The most important point to note w@ttthis graph

is that the curve is not flat, meaning that theiganore sensitive at some frequencies than otheparticular,

the ear is more sensitive in a range of mid-fregigsnbetween about 1000 and 4000 Hz than it isvedd and
higher frequencies. The complex shape of this cpregides the underlying motivation for the @Bscale. See
text for details.
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80
All Values on the 30 dB, Curve are a

70 L Constant 3 Factors of 10 in Intensity
(i.e., 30 dB) above the Audibility Curve

Sound Level in dBg,,

125 250 500 1000 2000 4000 8000
Frequency (Hz)

Figure 3-25.The lower function is the audibility curve — thausd level in dBp, that is required for an average
normal hearing listener to barely detect pure taretifferent frequencies. The upper function she@asnd levels for
a set of tones that all measure 3Q,dB hese tones vary quite a bit ingB(i.e., relative to the constant value of 20
nPPa) but in all cases the tones are a constant@éaaf 10 in intensity (i.e., 30 dBpove the audibility curve
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Box 3-3

THE EQUIVALENCE OF THE INTENSITY AND PRESSURE
VERSIONS OF THE DECIBEL FORMULA

One fact about the two versions of the dB forntht is not always well understood is that dB, and
dBsp. formulas are fully equivalenBy "fully equivalent” we mean the following: supge that a sound intensity
meter is used to measure the level of some souddwa find that this sound is 1,000 times morerisgethan
the standard intensity reference of'1@v/m?. The sound would then measure 3G dB0 log, 1,000 = 10 (3) =
30 dB,). Now suppose that we put the sound intensity n@tey and use a sound pressure meter to measure
the same sound. You might think that the sound svowgasure 60 df3_ since now we are multiplying by 20
instead of 10, but the trick is thiée ratio is no longer 1,00@Recall that intensity is proportional to pressure
squared, which means that pressure is proporttorthk square root of intensity. This means th#téfintensity
ratio is 1,000, the pressure ratio must be theregquet of 1,000, or 31.6. So, the formula now lees 20 log
31.6 =20 (1.5) =30 dB,, which is exactly what we obtained originallywiifll always work out this way: if a
sound measures 50 gBthat same sound will measure 50;6B

Table 3-2 might help to make this more clear. fitts¢ column shows an intensity ratio, the secooldimin
shows the corresponding pressure ratio (this isydvthe square root of the intensity ratio), thiedtbolumn
shows the dB value (10 log of the intensity ratio), and thertbicolumn shows d&, value (20 log of the
pressure ratio). As you can see, they are alwaysame.

Table 3-2. Irdgép ratios, equivalent pressure ratios,, diRlues and
d&, values showing the equivalence of the intensity @messure versions
of the dB formula

Intensity Pressure dB di
Ratio Ratio (210 ledi/1)) (20 logg E/E))
10 3.16 10.00 10.00
20 4.47 13.01 13.01
40 6.32 16.02 16.02
50 7.07 16.99 16.99
60 7.75 17.78 17.78
70 8.37 18.45 18.45
80 8.94 19.03 19.03
90 9.49 19.54 19.54
100 10.00 20.00 20.00
200 14.14 23.01 23.01
300 17.32 24.77 24.77
400 20.00 26.02 26.02
500 22.36 26.99 26.99

1000 31.62 30.00 30.00
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Study Questions: Physical Acoustics

1. Explain the basic processes that are involvaberpropagation of a sound wave.

2. Draw time- and frequency-domain representatadrssmple periodic, complex periodic, complex apdit, and
transient sounds.

3. Draw time- and frequency-domain representatadrig/o complex periodic sounds with different funaental
frequencies.

4. Draw time-domain representations of two sim@gqulic sounds with the same frequency and phagalitferent
amplitudes.

5. Draw time-domain representations of two simmdqalic sounds with the same frequency and diffeaenplitudes but
different phases.

6. Draw amplitude spectra of two sounds with thee@undamental frequencies but different spectrouel®pes.
7. Draw amplitude spectra of two sounds with déférfundamental frequencies but similar spectruvekpes.
8. Calculate signal frequencies for sinusoids withfollowing values:

a. period =0.34 s

b. period=2s

c. period =10 ms

d. period = 2 ms

e. wavelength = 20 cm
f. wavelength = 100 cm

Answers:

1/0.34 = 2.94 Hz

1/2=0.5Hz

1/0.01 = 100 Hz

1/.002 = 500 Hz

= ¢/WL (speed of sound/wavelength) = 350062750 Hz
f = ¢/WL (speed of sound/wavelength) = 35000/30350 Hz

—h —h —h —h —h
i omon

a.
b.
C.
d.
e.
f.

9. Calculate the three lowest resonant frequernditise following uniform tubes that are closed at @nd and open at
the other end:

a. 10 cm
b.30 cm
c.40 cm

Answers:
a. wavelength of lowest resonance = 40 cm (1P x 4

f = 35000/40 = 875
R1 = 875 (R1 = frequency of resonance numbper 1

R2 = 2625
R3 = 4375
b. wavelength of lowest resonance = 120 cm (3P x 4

f=35000/120 = 291.7



10.

The Physics of Sound 35

R1= 291.7

R2 = 875.0

R3 =1458.3

C. wavelength of lowest resonance = 160 cm (4D x 4

f=35000/160 = 218.75

R1= 218.75

R2 = 656.25

R3 =1093.75

Show what the frequency-response curves |&ekftir the tubes in the problem above.

11. A complex periodic signal has a fundamentailoggeof 4 msec. What is the fundamental frequenchefsignal? At
what frequencies would we expect to find energy?

12.

13.

14.

15.

16.

17.

18.

19.

20.

21.

22.

23.

24,

How are the ternsctaveandharmonicdifferent?

Give examples of the following kinds of graphsing sure to label both axes:

p

amplitude spectrum

b. phase spectrum

c. frequency-response curve
d. time-domain representation

Give a brief explanation of the basic idea bettourier analysis. What is the input to Fourigalgsis and what kind
of output(s) does it produce?

Draw and label frequency-response curves fefdass, high-pass, and band-pass filters.
What parameters control the frequency of vibredf a spring and mass system?

Draw the time domain representation of oneecgtla sinusoid as variations in instantaneouprassure over time
and one cycle of that same sinusoid as variatiomsstantaneous velocity over time.

How, if at all, are the termmesonant frequencgndharmonicdifferent?
How, if at all, are the termmesonant frequencgndformantdifferent?

A harmonic is a peak in: (a) a frequency respanrve, (b) an amplitude spectrum, or (c) eithizequency response
curve or an amplitude spectrum.

A resonance is a peak in: (a) a frequency respourve, (b) an amplitude spectrum, or (c) eighieequency response
curve or an amplitude spectrum.

A formant is a peak in: (a) a frequency respansve, (b) an amplitude spectrum, or (c) eithieequency response
curve or an amplitude spectrum.

A frequency response curve describes a

An amplitude spectrum describes a
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Frequency Response Problems
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Answers to Frequency Response Problems




10.

11.

12.

13.

14.

15.

16.

17.

18.
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Decibel Study Questions

What reference is used for the dBcale?
What reference is used for the g§Bscale?
What reference is used for the gBcale?
What reference is used for the giBcale?

A listener barely detects a 125 Hz pure tone adB%,. Does this listener have a hearing loss at 125aHd if
S0, what is the size of the hearing loss?

A listener barely detects a 1,000 Hz pure toriebadBsp,. Does this listener have a hearing loss at 1,820
and if so, what is the size of the hearing loss?

A listener barely detects a 125 Hz pure tone adB%. Does this listener have a hearing loss at 12%Hd,if
s0, what is the size of the hearing loss?

A listener barely detects a 1,000 Hz pure torebadB;, . Does this listener have a hearing loss at 1,8@0
and if so, what is the size of the hearing loss?

60 dBsp_ at 1,000 Hz means more etbas
60 dB, at 1,000 Hz means more etbas
60 dB,_ at 1,000 Hz means more mtéas

The reference that is used for thesglBscale is:

a. anumber
b. asentence

If the answer to the question above is a numbee, tie number; if it's a sentence, give the semenc
The reference that is used for the,dBcale is:

a. anumber
b. asentence

If the answer to the question above is a numbee, tie number; if it's a sentence, give the semenc

A specific individual has a 70 dB hearing lossha teft ear at 1,000 Hz. A 90 gB 1,000 Hz tone that is
presented to this listener’s left ear would measure dB,.

A sound measures 42 ¢BOn the dBp, scale, that same sound will measure:

a. 84 dBsp because with the @3, formula we are now are multiplying the ratio byi@étead of 10.
b. 42 dBsp. because the two versions of the formula are etgpriva

A sound measures 60 ,dBa) The measured intensity,{Imust therefore be times
greater than the reference intensity).({b) What would the pressure ratig{Eg) be for this same sound? (c)
Do the arithmetic to show what this sound would soea in dBp,.
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19. A sound measures 40,dBa) The measured intensity;{Imust therefore be times

greater than the reference intensity).({b) What would the pressure ratig{Eg) be for this same sound? (c)
Do the arithmetic to show what this sound would soea in dBp,.

20. On the graph below, put a mark at: (a) 3,08020 dBp,, and (b) 3,000 Hz, 20 4 (the
grid lines on the y axis are spaced at 2nti&vals).

Frequency Threshold
in Hz in dB SPL

125 45.0
250 255
500 115
750 8.0
1000 7.0
1500 6.5
2000 9.0
3000 10.0
4000 9.5
6000 155

8000 13.0
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Answers to Decibel Study Questions

10" watts/nt

20nPa (or, equivalently, 0.0002 dynesfm

The threshold of audibility for an average, norraéring listener at a particular signal frequency.
3. The threshold of audibility for a particulartéser at a particular signal frequency.

Consulting the attached figure and table showiegadibility curve for average, normal-hearingdisdrs, we
find that the threshold of audibility at 125 Hz45 dBsp,. A listener who barely detected a 125 Hz tonebat 5
dBsp. would therefore have hearing loss of 55-45=10tBt is, the hearing sensitivity of this listenesuld be
10 dB worse than normal.

Consulting the attached figure and table showiegaiidibility curve for average, normal-hearingelistrs, we
find that the threshold of audibility at 1,000 877 dBsp.. A listener who barely detected a 1,000 Hz tdne a
55 dBsp, would therefore have a hearing loss of 55-7=48tH8t is, the hearing sensitivity of this listener
would be 48 dB worse than normal.

The reference for dB is the audibility threshold, so this listener woule a 55 dB hearing loss at 125 Hz.
There is no need to consult the table.

The reference for di is the audibility threshold, so this listener woulivb a 55 dB hearing loss at 1,000 Hz.
There is no need to consult the table.

6 factors of 10 (i.e., 1,000,000 times) more ingetian 20vPa)
6 factors of 10 (i.e., 1,000,000 times) more inéetian 102 watts/n?

6 factors of 10 (i.e., 1,000,000 times) more ingetign a 1,000 Hz tone that is barely audible taenage,
normal-hearing listener.

a number

20nPa

a sentence

The threshold of audibility for an average, northaéring listener at a particular signal frequency.

20 dBs,. The reference for the dB(SL=sensation level) is the threshold of audipifdr a specific listener. So,
what we want to know here very simply is where 80sdB,,_ tone is in relation tthis particular listener’s
threshold. This listener has a 70 dB hearing lo$sig frequency, so the 90 dBHL tone, which wolokd90 dB
above a normal-hearing listener’s threshold, iy @3 dB above this particular listener’s threshold.

42 dBspi: The pressure version of the formula was derivethfthe intensity version through algebraic
manipulations, so they have to be equivalent toamaher. The next problem was designed to illtestnaw
this can be the case.

(a) 1,000,000 times (6 factors of 10) more intehsa k. (b) If the intensity ratio is 1,000,000, the pa®
ratio has to be the square root of 1,000,000, wisidh000. (c) dBs. = 20 log 1,000 = 203 = 60 dBp,. This is
exactly what we got for the same sound measurdjn It will always be the same. If a sound measufes 6
dB, , that same soundill measure 60 dB,.
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(a) 10,000 times (4 factors of 10) more intens@ tha(b) If the intensity ratio is 10,000, the presstatio has
to be the square root of 10,000, which is 100dBg. = 20 log 100 = 202 = 40 dBp.. This is exactly what
we got for the same sound measured in dBwill always be the same. If a sound measufedB} , that same
soundwill measure 40 dB,.

See below. The lower of the two marks is 20 dBag&drs of 10) above the constant reference lirDafPa.
The higher of the two marks is 20 dB (also 2 fextfr10) above theurveyline, which is the threshold of
audibility for the average normal-hearing listener.
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