
U
N

IV
E

R
S

IT
Y

 O
F

 I
L

L
IN

O
IS

 @
 U

R
B

A
N

A
-C

H
A

M
P

A
IG

N

Paris Smaragdis 
paris@illinois.edu 

paris.cs.illinois.edu

CS 498PS – Audio Computing Lab

3D and Virtual Sound

mailto:paris@illinois.edu
http://paris.cs.illinois.edu


U
N

IV
E

R
S

IT
Y

 O
F

 I
L

L
IN

O
IS

 @
 U

R
B

A
N

A
-C

H
A

M
P

A
IG

N

Overview

• Human perception of sound and space 
• ITD, IID, HRTFs, and all that 

• 3D audio 
• Measuring HRTFs 
• Synthesizing 3D audio 

• Virtual audio 
• Synthesizing virtual audio
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What is 3D audio?

• Fooling a listener that a sound is coming from a 
specific location around them 

• Two ways to get it: 
• Easy: Using headphones 
• Hard: Using speakers

3
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What is virtual audio?

• Modeling the effects of being in a virtual environment 
• Includes 3D audio effects 
• Also includes room effects 
• Also includes additional environmental effects

4
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Why bother?

• Entertainment 
• Immersive gaming, 3D movies, virtual worlds, … 

• Practical 
• Help listeners parse more audio streams simultaneously 
• Help users localize multiple sources 

• e.g. pilot discussions in place cockpits 
• For grabbing people’s attention 

• E.g. in auditory display interfaces

5



U
N

IV
E

R
S

IT
Y

 O
F

 I
L

L
IN

O
IS

 @
 U

R
B

A
N

A
-C

H
A

M
P

A
IG

N

A bit of hearing theory

• In order to synthesize 3D audio we need to 
know how to fool the human ear 

• What are the cues that we need to use? 
• And how do we implement them? 

• Lots of levels of complexity

6
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On having two ears

• Why are our ears on the sides of our head? 
• Why not one on the chin and one on the forehead? 

• Horizontal placement maximizes the effect 
of picking sounds over a terrain 
• Good for left/right 
• Not so good for up/down

7
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Fundamentally different than vision

• Unlike our eyes that directly perceive 3D, our ears 
have to get that “computed” in the brain 

• Special neural circuits in the          
Superior Olivary Complex (SOC)        
compare signals from both ears

8
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The Duplex Theory

• Formulated by Lord Raleigh (1907) 

• A listener’s ears receive a sound with some minor 
differences which act as localization cues 

• The two main cues 
• Interaural Time Differences (ITD) 
• Interaural Intensity/Level Differences (IID, or ILD)

9
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Interaural Time Differences (ITD)

• Simplest possible cue 
• Relative time difference between a sound reaching our ears 

• Sounds familiar?

10
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ITD tradeoffs

• Perceiving ITDs is increasingly more 
unreliable with higher frequencies  
• Historically the cutoff was set to 1.5kHz 

(any guess why?) 

• But we also perform ITD with the 
envelopes of sounds that we hear 
• So we use higher frequencies as well

11
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How we will model it

• We can simulate ITDs with delays 
• Similar idea to the mic array steering vector 

• There will be an upper limit to the delay 
• What is it?

12
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One more thing

• The precedence effect (a.k.a. Haas effect) 

• Up to 40msec delays register as an ITD 
• More than that and we form echo percepts

13
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Figure 2.4 illustrates the visual equivalent of a reversible percept; the image can be seen (heard) in
two different ways—with the cube going either upward on the frontal plane, or downward (there are
many other examples of ambiguous percepts, e.g., “Rubin’s figure,” where facial silhouettes form
the “Peter–Paul goblet”).  Georg von Békésy related a humorous anecdote regarding these types of
auditory reversals.  During the early days of radio, one highly placed government official listened to
orchestral broadcasts wearing headphones, but complained that he heard the orchestra behind him,
instead of in front.  His wife was convinced he should see a psychiatrist, until von Békésy showed him
that the percept was ambiguous as to its location; it could be interchanged with a location in the
center of the head, or in front (von Békésy, 1967).

The Precedence Effect
A lateralization paradigm involving ITDs larger than those predicted by the models discussed
previously illustrates the precedence effect, first defined by Wallach, Newman, and Rosenzweig
(1949).  It is also called the Haas effect, based on that author’s examination of the influence of time
delays on speech intelligibility (Haas, 1972); Blauert (1983) terms it “the law of the first wavefront”
(see Gardner, 1968, for a historical review).  The precedence effect explains an important inhibitory
mechanism of the auditory system that allows one to localize sounds in the presence of reverberation.

If one takes stereo headphones or loudspeakers and processes the left channel using a variable delay
device, a series of perceptual events will occur akin to those shown in Figure 2.5.  The values shown
here are only approximate; the level, type of source used, and individual threshold of each listener
will alter the actual values.  In natural spatial hearing, the angle of incidence of the delayed

0 0.6 1.5 40 10
Approximate delay time to left channel (msec) 

Figure 2.5.  Perceptual effect of increasing ITD from 0–40 msecs.  Overhead perspective, with the
listener facing downwards (refer to text for explanation).

sound relative to the undelayed sound will give different results as well. Nevertheless, the pattern of
transitions characterized in Figure 2.5 applies to many interchannel time-delay effects heard over
headphones.

Between 0–0.6 msec, the image shifts along the lateral axis, as predicted by the role of ITD in natural
spatial hearing (see also Figure 2.3).  In the range of approximately .7–35 msec, the lateralization of
the source is still to a position associated with the undelayed channel; it takes precedence over the
later channel as far as a determination of the location of the image source.  Note that the percept of
the 1.5 msec delay shown in Figure 2.5 is in the same location as that for the delay at .6 msec.  This is
roughly the same position a single sound source would effect at a position corresponding to
maximum ITD.
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Interaural Intensity Differences (IID)

• For wavelengths smaller than the listener’s 
head we observe sound absorption 
• High frequencies get attenuated 
• Low frequencies pass mostly unharmed 

• Level differences in high frequencies are a very 
strong cue to help us localize sounds 
• They are called IIDs, or ILDs 

• For intensity or level

14
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IID tradeoffs 

• IIDs mostly apply to wavelengths shorter than the 
head of the listener 
• About a 1.5kHz cutoff 
• Lower frequencies diffract around the head 

• IIDs work better when the sound source is off the 
plane between the two ears 
• Otherwise there is no relative head shadowing 

• What’s an example location?

15
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How can we model it?

• Easy to model using gain between ears 
• The “panpot” model  

• Ignores frequency dependencies (more later) 
• Can be implemented as a filter

16
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“Lateralization”

• ITDs and IIDs tend to produce lateralization 
• The percept of a sound on the axis between ears 
• “Inside the head” effect 

• Useful for studying perception 
• But not quite 3D sound

17
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Combining ITDs and IIDs

• We can very simply combine both cues 
• This will give us a rudimentary 3D system 

• Each ear gets a filter 
• Filter imposes a time delay for ITD 
• And a gain factor for the ILD 

• Demo!

18
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Cones of confusion

• There are parts of space that will result in the same 
ITD and IID values 
• We cannot distinguish sounds from these locations 

• At least not well 
• In real-life we resolve that by moving our heads

19
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In fact, identical values of ITD and IID can be calculated for a sound source in space anywhere on a
conical surface extending out from the ear (see Figure 2.8).  This is called the cone of confusion in
the literature (see review by Mills, 1972).  The cone of confusion has influenced the analysis and
design of many localization studies in spite of the oversimplistic modeling of the head.  The ability to
disambiguate sources from front to back or from above and below in cases where ITD and IID would
not supply this information has brought about hypotheses regarding the role of spectral cues and
localization.  In turn, the most significant locationally dependent effect on the spectrum of a sound
source as it reaches the eardrums can be traced to the outer ears, or pinnae.

x

y

a b

Figure 2.8.  The cone of confusion.  Identical values of IID and ITD can be calculated for a spherical
model of a head at two opposite points anywhere on the surface of the cone (here, a and b show a
front–back ambiguity, and x and y  show an elevation ambiguity).

The Head-Related Transfer Function
The spectral filtering of a sound source before it reaches the ear drum that is caused primarily by the
outer ear is termed the head-related transfer function (HRTF).  The binaural HRTF (terminology
for referring to both left- and right-ear HRTFs) can be thought of as a frequency-dependent
amplitude and time-delay differences that result primarily from the complex shaping of the pinnae.

The folds of the pinnae cause minute time delays within a range of 0–300 µsec (Batteau, 1968) that
cause the spectral content at the eardrum to differ significantly from that of the sound source, if it
were measured, for instance, by an omnidirectional microphone.  The asymmetry of the pinnae’s
shape causes the spectral modification to be affected differently as a function of sound source
position; together, the asymmetrical, complex construction of the outer ears causes a unique set of
microtime delays, resonances, and diffractions that collectively translate into a unique HRTF for each
sound source position (see Wright, Hebrank, and Wilson, 1974; Batteau, 1968; Shaw and Teranishi,
1968; Blauert, 1983).  In other words, unique frequency-dependent amplitude and time differences
are imposed on an incoming signal for a given source position.  Like an “acoustic thumb print,” the
HRTF alters the spectrum and timing of the input signal in a location-dependent way that is
recognized to a greater or lesser degree by a listener as a spatial cue.

The use of HRTF spectral shaping is typically featured as the key component of a 3-D sound system,
from either direct measurement or modeling.  This is based on the theory that the most accurate
means to produce a spatial sound cue is to transform the spectrum of a sound source at the eardrum
as closely as possible to the way it would be transformed under normal spatial hearing conditions.
Within the literature, other terms equivalent to the term HRTF are used, such as Head Transfer
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Zoological intermission

• The Barn Owl 
• Hunts through hearing in the dark 

• Can shape its face to funnel sound 
towards its ears 

• Has asymmetrical ears 
• Can use ITDs for horizontal, and IIDs for 

vertical localization

20
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Entomological intermission

• The Ormia Ochracea 
• Finds host crickets through hearing 
• Very good at localization! 

• Ears are 0.5mm close 
• How does it use ITD/IID? 

• Coupled eardrums create new cues 
• Currently used as model for new mics

21
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One cue to rule them all!

• ITDs and ILDs can be insufficient 
• Very simple model of environment 
• Our ears adapt to localize and are in fact a lot smarter 

• Head Related Transfer Functions (HRTFs) 
• Incorporating more, and finer cues for localization

22
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What to HRTFs capture?

• Many effects relating to our body 
• Funneling by the ears, reflections off our shoulders, sound 

absorption from head, effects from hair, … 
• They also incorporate ITDs and ILDs

23
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How do they look like?

• Sweep from front to back (right side)

24

Left ear

Ti
m

e 
(m

se
c)

Azimuth (degrees)
0 50 100 150

0

0.5

1

1.5

2

2.5

Right ear

Ti
m

e 
(m

se
c)

Azimuth (degrees)
0 50 100 150

0

0.5

1

1.5

2

2.5



U
N

IV
E

R
S

IT
Y

 O
F

 I
L

L
IN

O
IS

 @
 U

R
B

A
N

A
-C

H
A

M
P

A
IG

N

How do they look like?

• Sweep from front to back (right side)

25
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How do they look like?

• Sweep from down to up on the right

26
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How good are HRTFs?

• Each person has a different head/torso shape 
• We often just use average HRTFs 

• They won’t work for everyone 
• Being average helps in this case! 

• But how to we get HRTFs?

27
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Solution 1: Binaural recordings

• Use a dummy head to make 3D recordings 
• Or stick microphones in your ears 

• (but please don’t stick anything in your ears!!)

28
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Solution 2: Measure real HRTFs

• If we measure real HRTFs we can then use them on 
arbitrary sounds to make 3D audio 
• Just apply them as filters to generate left/right/signals 

• Two ways to measure HRTFs 
• Measure a dummy head’s HRTF 

• Should be an “average” set 
• Measure your own HRTFs 

• You then have a personalized copy

29
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Figure 4.27.  The AACHEN Head Model HMS II, manufactured by HEAD acoustics.  The outer ears
are designed according to a “structural averaging” of HRTFs; note the inclusion of the upper torso.
Two versions of the head are available: the HMS II, intended for analysis within an integrated system,
and the HRS II, for recording studio applications.  Photograph courtesy of Wade Bray, Sonic
Perceptions–HEAD acoustics.
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How do we measure HRTFs?

• Same process as measuring room responses 
• Setup microphones in dummy of human subject 
• Play MLS from different locations 
• For each location measure the transfer function 

• You should remove the speaker/mic functions though 

• Pro tip 
• You should do that in an anechoic chamber 

• Why?

30
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In math

• We record: 

• We deconvolve with: 

• We remove speaker/mic responses 
• Use inverse filters of these responses 

• How do we measure these?
31

y
θ,φ[t]= hθ,φ[t]∗ x[t]
Y
θ,φ[ω]= H

θ,φ[ω]X[ω]

H
θ,φ[ω]= X*[ω]Y

θ,φ[ω]
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One complication

• This requires some serious lab space

32
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One more complication

• We measure the transfer function from the source 
location to inside the ear 

• What will convolution with an HRTF give us? 
• How do we reproduce it to sound as being 3D? 

• Only works with headphones/earphones 
• Does not compensate for effects from distant loudspeakers

33
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Synthesizing 3D audio

• Pick a location to position a source 
• Usually azimuth/elevation 

• Select appropriate filters from HRTF set 
• Note that there is left.right symmetry so there is no need to 

keep all of the HRTFs 

• Filter sound to model 3D effects 
• What about moving sounds?

34
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Fast convolution reminder

• Convolution can be sped up significantly using the FFT 
• Perform convolution in the frequency domain 
• Complexity drops to 2 N log2 N  

• But is this useful for out case? 
• No, results in very large FFTs, doesn’t allow for changing filters 

• Using the STFT for convolution instead 
• Convolve each STFT frame with the desired filter at that time

35

z= x∗ y⇔ DFT z( )= DFT x( )⊙DFT y( )
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Overlap-add fast convolution

• Similar to spectrograms 
• Step 1: Make frames 

• Zero pad to accommodate 
convolution’s output length 

• Hop size == frame size 
• Do not window 

• Step 2: Convolve frames using FFTs 
• i.e. multiply complex spectra 

• Multiply each STFT frame with the DFT 
of the desired filter 

• Step 3: Invert back to time 
• Use overlap and add! 
• Do not window

36
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Usual problems

• Response mismatch 
• People with funny head shapes 
• Poor reproduction (e.g. bad headphones, MP3s) 

• Front/back confusion 
• Really prominent for many people 

• Head movements 
• Chance the relative angle of a source

37
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Compensating for head movement

• We can track the listener’s head movements 
• Using a simple sensor on the headphones 
• Or using computer vision to measure head pose 

• This allows us to find the angle between the virtual 
source and the rotated use head 
• One drawback: Time lag 
• One advantage: We can resolve localization ambiguities 

• We use head movements to deal with ambiguities

38
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What about speakers

• We need to perform crosstalk cancellation 
• Use “negative” signals to construct HRTF filtering 

• What are the complications here?
39
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recording was mixed by the audio engineer.  At one audio product show, a demonstration
room for a 3-D sound system had four small chairs arranged in a row on a central line
between the speakers but so closely that one’s chin was practically touching the back of the
next person’s head: an unlikely scenario in an actual application.  In the area of music
reproduction, the culture surrounding home stereo listening seldom favors a single
listener—the audiophile, who actively listens while facing the loudspeakers. More often than
not, loudspeakers are heard as background music, and/or by multiple persons, while watching
a television monitor.

3. Unlike the sound from headphones, the acoustic signals arriving at each ear are a mix of the
signals from the two loudspeakers, as shown in Figure 5.13.  3-D sound effects depend on
being able to predict the spectral filtering occurring at each ear, which can be predicted
reasonably well for diffuse-field corrected headphones (see the section in Chapter 4,
“Equalization of HRTFs”; unfortunately, the coupling between the headphones and
individual pinnae cannot be predicted).  But each loudspeaker is heard by both ears; this
cross-talk will affect the spectral balance and interaural differences significantly.  The
attenuated and delayed signal from the opposite channel is known as the cross-talk signal,
since it crosses to the opposite ear.  If one plays a 3-D sound recording mixed for
headphones over loudspeakers, the two channel signals that were discrete at each ear become:
left + right speaker signal, attenuated and delayed, at the left ear; and right + left signal,
attenuated and delayed, at the right ear.

The solution for this dilemma, known as cross-talk cancellation, was originally proposed by
Schroeder and Atal (1963).  If one can ignore the effects of the listening environment, and especially
if the position of the head relative to the speakers is known, then one can add to the left stereo signal
an inverse (180 degrees out of phase) version of the cross-talk signal, delayed by the amount of time
it takes to reach the opposite ear.  In theory, the inverse waveform cancels the cross-talk, since the
addition of two waveforms 180 degrees out of phase results in a perfectly canceled signal, as shown in
Figure 5.14.

t t

Listener

     stereo 
loudspeakers

Figure 5.13.  Illustration of cross-talk cancellation theory.  Consider a symmetrically placed listener
and two loudspeakers.  The cross-talk signal paths describe how the left speaker will be heard at the
right ear by way of the path Rct, and the right speaker at the left ear via path Lct.   The direct signals
will have an overall time delay t and the cross-talk signals will have an overall time delay t  + t’.
Using cross-talk cancellation techniques, one can eliminate the Lct path by mixing a 180-degree
phase-inverted and t’-delayed version of the Lct signal along with the L signal, and similarly for Rct.
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Complications with speaker systems

• Head movements 
• We need to compensate for moving ears! 
• Not trivial to cater to multiple people simultaneously 

• E.g. you won’t get 3D sound in a movie theater 

• Room effects 
• Speaker output gets convolves with room 

• and speakers … 
• Difficult to compensate for all that
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Moving towards virtual sound

• 3D sound models source-to-ear effects 
• Created 3D percept, but this is not the whole story 

• There are more cues that we use to localize 
• Movement cues, distance cues, context cues, … 

• Proper virtual audio also models these cues
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Movement cues

• Moving sources exhibit an additional important cue 
for localization  
• The Doppler effect

42
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Modeling the doppler effect

• Variable delay lines 
• We can read off a delay line with interpolation 

• Sort of like changing the sample rate 

• Tricky to get good interpolation 
• More later in the semester
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Distance cues

• We can also perceive how far a sound is 

• Static cues 
• Level, amount of reverberation 

• Dynamic cues 
• Change of source angle by head translation
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And some more context cues

• Room acoustics 
• Sounds in different parts of a room sound different 

• We can use HRTF filter on all the reflections 
• Overkill, but makes a difference 

• And we know how to do that now! :)
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Virtual sound can be complicated

• Lots effects that combine 
• Not completely clear which are necessary 

• Depends on usage scenario 
• Also not fully clear how they all interact 

• Still an open problem 
• But sounds pretty good as is
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Surround sound

• Potentially simpler approach 
• Localization takes place using multiple speakers 
• Optionally one can use sophisticated filtering 

• Common setups 
• 5.1 /7.1 sets 
• Stereo “surround” 

• Avoid like the plague! 
• Ruins stereo imaging

47

A virtual acoustic room setup 
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Theater surround sound

• Front channel for dialog 
• Ensures consistent localization  

• Side and rear channels for FX 
• Also ambience sounds 

• One of Dolby’s claims to fame

48
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time allotted to implementation is minimized, frequently taken up as a “passing hobby” of a
nonexpert on the design team.

In order to be truly successful, the design of an audio interface requires the consultative expertise of a
sound specialist, such as an acoustician, musician or psychoacoustician.  This expertise is needed to
avoid the following common mistakes made in designing speech and audio signals for human-
machine interfaces: (1) the sounds are frequently repetitive, loud, and simple, without any way for
the user to change the sound; (2) the sounds are generally used as alarms, instead of as carriers of a
variety of information; (3) the quality of the sound is low, compared to the CD-entertainment
standard, due to the limits of hardware specified within the design; and (4) sound usually contributes
little to the ability to use the interface effectively, partially due to the lack of anything but the simplest
type of sensor input.  The automobile horn is an example of a successful acoustic human-machine
interface operated by a simple sensor; it responds to the on-off condition of a button on the steering
column and is designed to function as a type of alarm.  But the input to the sensor is anything but
simple.  Note that most drivers use their horns in different ways, depending on the context: for
example, tapping the button briefly can mean “hello,” but holding the button down expresses great
annoyance.  The study of automobile horn “language” as practiced by the world’s drivers might be
more useful than first expected!

Surround versus 3-D Sound
This book advocates the use of headphones for 3-D sound audition under most circumstances.  What
about virtual spatial listening over loudspeakers?  Simply put, the problem with using loudspeakers
for 3-D sound is that control over perceived spatial imagery is greatly sacrificed, since the sound will
be reproduced in an unknown environment.  In other words, the room and loudspeakers will impose
unknown nonlinear transformations that usually cannot be compensated for by the designer or
controller of the 3-D audio system.  Headphone listening conditions can be roughly approximated
from stereo loudspeakers using a technique called cross-talk cancellation, described in Chapter 5.
But for many applications, loudspeakers are impractical for producing virtual acoustic images.

In the commercial world, there is frequent confusion between devices that attempt to produce 3-D
virtual images and those that are in actuality surround sound or spatial enhancement systems.
Intended for music, these systems claim to improve a normal stereo mix, via a process as simple as

45°

screen

L C R

Figure 1.9.  Dolby speaker arrangement for stereo optical 35mm release.  The speaker labeled C is
used for dialogue; speakers L and R at left and right front are used to route effects and music, and the
shaded speakers are for surround sound effects (after Allen, 1991).



U
N

IV
E

R
S

IT
Y

 O
F

 I
L

L
IN

O
IS

 @
 U

R
B

A
N

A
-C

H
A

M
P

A
IG

N

Recap

• Some of the basics of 3D perception 

• HRTFs 
• How to measure them 
• How to use them 

• Additional ties for virtual audio 

• Surround sound
49
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Reading material

• 3D Sound for Virtual Reality and Multimedia 
• http://human-factors.arc.nasa.gov/publications/

Begault_2000_3d_Sound_Multimedia.pdf
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Next lab

• Let’s make some 3D sounds! 
• Remember to bring your headphones/earphones 

• You won’t be able to hear the results otherwise
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