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Things that talk:
Using sound

for device-to-device
and device-to-human
communication

Nonlexical sound is explored as both a device-
to-device and device-to-human communication
medium. Considerations for device-to-device
communication include robustness in various
environments, potential interference, frequency
limitations of conventional and piezoelectric
devices, computational complexity, and
strategies for ultrasonic and human-audible
frequencies. Algorithms include modem
protocols, information-hiding techniques,
impulse coding, and dual-tone modulation.
Considerations for device-to-human
communication include the use of sounds that
are unobtrusive in public settings and sounds
that enable attention to be divided between the
performance of complex tasks and real-time
feedback.

earing is fundamental to our perception of the

world, and sound can considerably enrich in-
teraction with computers. Research in data-aural-
ization techniques, for instance, demonstrates that
humans easily learn to distinguish objects by asso-
ciated sounds."* The use of sound does not have to
be limited to accenting what the user can see on the
computer monitor; it can also provide information
from objects and events beyond the screen.® Yet
computers and hand-held devices rarely use sound
to tell us more than “look at me.”

Sound is a reliable way to alert someone about an
event. “We need not turn to hear something; in fact
we cannot turn away or close our ears.”? For this
reason many of our communication devices “ring”
to cause us to be attentive to a telephone call or a

0018-8670/00/$5.00 © 2000 I1BM

by V. Gerasimov
W. Bender

new message. Unfortunately, we cannot be unatten-
tive if someone else’s device is ringing.

The primary purpose of these audio alarms is to at-
tract attention, and most of the research in this area
is focused on how to do that quickly and with per-
sistence. For example, Patterson et al.* explored how
to alert medical personnel in critical situations. In
the hospital, airplane cockpit, or nuclear power sta-
tion, alarms help to avoid life-threatening situations.
When it comes to saving lives, an alarm cannot be
too disturbing or annoying.

“Classic” audio alarms may vary to distinguish among
different alert situations, but they always attract the
attention of everyone around them. These same
alarm sounds are used in personal communication
devices. As more people carry their pagers and cel-
lular telephones in public places, there will be an im-
perative to design personalized alarms that attract
the attention of a specific individual while not dis-
turbing everyone else.

Looking beyond the task of alerting the user, one
could ask: Why does a telephone ring not tell you
or your computer who is calling? Why does your
wristwatch alarm not signal your door to unlock or
your television to turn on? Many commonplace de-
vices and appliances contain information that can
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be shared with other devices. Although many of these
devices have mechanisms, e.g., speakers and displays,
to transfer information to humans, they are deficient
in their ability to communicate information to other
devices. Almost all modern electronic devices have
internal clocks, but almost none are capable of ac-
complishing such mundane tasks as automatically
transferring the time and date settings from one de-
vice to another.

Of course, one solution to device-to-device commu-
nication is to add additional 1/O infrastructure, such
as the capability to transmit or receive infrared light
or radio frequencies, or do both. In this paper, we
explore the possibility of using the existing audio ca-
pability found in many commonplace devices.

About sound. Sound is radiant energy transmitted
in longitudinal waves that consist of alternating com-
pressions and rarefactions in a medium. The max-
imum possible frequency of sound in any medium
is approximately 1.25 X 10" Hertz (Hz). The speed
of sound depends on properties of the material
through which it travels (see Table 1). Sound has
propagation features quite different from that of
light, which makes it an excellent alternative in sit-
uations where light does not work well.

Specialized imaging applications, e.g., ultrasonic mi-
croscopy and echolocation, make sophisticated use
of sound. Sound may be a good alternative for op-
tical computer vision; for example, rather than try-
ing to recognize people by imaging their faces or fin-
gers in visible light, sonar technology can be used to
measure unique body parameters, such as volumes,
shapes, motion, and locations of different organs. But
for the most part, the use of sound in computers and
communications applications has been limited to mu-
sic, simple sound effects, and speech synthesis and
recognition. (Notable exceptions include dual-tone
modulation frequency [DTMF] used in telephony
and various modulations used in modems and fac-
simile machines. However, modems and faxes are
pseudoacoustic devices and cannot effectively com-
municate through air. They work well only with elec-
tric signals and require a wire to isolate the system
from external disturbances.)

Many electronic devices in and around the human-
made environment are designed to speak or listen.
Many devices have a speaker or beeper to relay sta-
tus to a human. These same speakers can be used
for device-to-device communication. For example,
the existing speakers in even the most low-end tele-
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Table 1 Speed of sound in various media®

Medium Speed
(m/second)

Air at 0° C 331 (increases with temperature and
pressure)

Water 1400-1600 (increases with
temperature, salinity, and depth)

Lead 1210

Rolled aluminum 5000

vision could be used to communicate with toys and
appliances if only they had the capability to listen.
(At one time, some televisions could listen. The first
television remote controls were mechanical devices
that generated different sounds.) Many devices, such
as telephones or faxes, have microphones. Piezoelec-
tric beepers in wristwatches can also be used as mi-
crophones® (albeit with limited fidelity).

Medical concerns. Concern over noise includes an-
noyance, communication interference, work inter-
ference, hearing loss, and other health issues, such
as interference with sleep, impact on vasoconstric-
tion, vertigo, and change in galvanic skin response.

Annoyance has been roughly correlated to a decibel
(dB) scale. White noise at less than 55 dB is not an-
noying, whereas noise at 93 dB or greater is extremely
annoying.”® In isolation, speech sounds require 35
dB over background noise in order to achieve 50 per-
cent intelligibility and 80 dB over background noise
in order to achieve 90 percent intelligibility. How-
ever, there is little evidence of communication in-
terference in office situations, where background
noise is intermittent.’® Studies of noise and efficiency
are somewhat inconclusive, with varying impact on
perceptual-motor performance, selected and sus-
tained attention tasks, verbal learning and memory,
and intellectual tasks. In some contexts, noise was
a cause of facilitation of performance, in others, de-
terioration. '’

In general, audible sound can be used safely either
in short data exchanges when people control the
transmission (e.g., phone ringers, acoustic remote
controls, data exchange between wristwatches and
computers) or for long data exchanges when humans
are not present. However, there is evidence that noise
at levels greater than 80 dB can be of concern. The
U.S. Occupational Safety and Health Administra-
tion (OSHA) regulates noise exposure in the work-
place as a function of decibels and exposure time. "'
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For example, there is a restriction of a maximum of
eight hours per day exposure to noise at 90 dB and
a maximum of one hour per day at 105 dB.

Landstrom reports that exposure to infrasound (6-16
Hz) has an impact on fatigue and wakefulness even
with exposures as short as 20 minutes.'> However,
Slarve and Johnson report no long-term impact from
exposure to infrasound at levels up to 144 dB."

Ultrasound in the range of 20-500 kHz (and prob-
ably higher) is harmless if it is used intermittently
and is not very loud. (It is safely used in medical ap-
plications such as fetus imaging.) If ultrasound is ex-
tremely intense, it may cause heating and scattering
of hard objects. Noise at frequencies lower than 100
kHz may be unpleasant for pets. There are many nat-
ural sources of ultrasound—bats and some insects
produce very loud ultrasonic noise. However, these
sounds do not seem to affect humans or animals. Al-
most all televisions and computer monitors con-
stantly squeal at line-scanning frequency. This sound
has not been recognized as a source of medical prob-
lems.

Things that talk. The remainder of this paper ex-
plores “things that talk”—the use of sound as a de-
vice-to-device and device-to-human communication
medium. In the discussion of device-to-device com-
munication, considerations are made for robustness
in various environments, potential interference, fre-
quency limitations of conventional and piezoelectric
devices, computational complexity, and strategies for
ultrasonic and human audible frequencies. Also, sev-
eral algorithms are described. In the device-to-hu-
man communication section, the problem of gener-
ating audio alerts is discussed. Two applications, a
device that uses real-time audio feedback to coach
athletes and an audio computer game, are also de-
scribed.

Device-to-device communication

Sound has many positive features that make it an
attractive alternative to infrared (IR) light and radio
frequencies (RFs) for device-to-device communica-
tion. Humans (and most other animals) use sound
to communicate. Therefore, sound is a likely choice
for communication wherever people live or work.
The human environment is usually designed to lo-
calize and preserve sound, and in such environments,
sound is more predictable than IR and RF. Sound,
unlike IR and RF, does not have unexpected foes such
as sunlight, rain, metal objects, etc. Sound can be
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hidden from people if its frequency is higher than
20 kHz. IR usually requires direct visibility and is
hampered by sunlight or bright interior light. Also,
IR has some unexpected features: It propagates
through materials that are not transparent in visible
light and reflects from different materials than does
visible light. RF suffers from interference problems
and can be blocked by metallic objects. Sound does
not have these problems. It travels around corners
and can still be localized within a room.

But one feature of sound makes it difficult to use
—sound travels slowly (about 300 meters per sec-

Sound is a likely choice
for communication
wherever people live
and work.

ond in air). This creates several problems: (1) a sig-
nal reaches its target with a noticeable delay; and
(2) reflections of the signal from walls or other ob-
jects can be comparable in intensity to the original
signal and can reach the receiver with significant de-
lays, interfering with the main signal. (Because of
the slow speed of sound, an echo may create long
disturbances of the signal, making it necessary to use
relatively long coding packets.) Other problems in-
clude ambient noise, which tends to be a combina-
tion of low-amplitude broadband and moderate-am-
plitude narrowband components, and the nonlinear
characteristics of most audio equipment and envi-
ronments that have very different and practically un-
predictable acoustic characteristics.

Sound signals and the environment. Audible back-
ground noise generally drops off exponentially with
frequency. Different environments have intermittent
peaks that can climb as high as 90 dB. In an office
environment, monitor line frequencies vary from ap-
proximately 15 kHz to greater than 100 kHz. Ex-
treme noise levels are found in industrial settings,
where some noise levels reach as high as 132 dB. "
In the home, the kitchen tends to be the noisiest
room. Kitchen appliances are the source of inter-
mittent noise with peaks up to 80 dB. Even pouring
water for a bath causes noise with peaks of 73 dB.
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Male human speech at a distance of one meter is
measured at 75 dB."

Since the environment has little effect upon the rel-
ative amplitude of a sound within narrow bands of
frequency, spectral analysis is a reliable method of
acoustic signal analysis in unknown environments.
The relative amplitude changes of the spectral com-
ponents of a transmitted signal can be detected by
areceiver. In general, if it is possible to measure am-
bient acoustic characteristics, choice of protocol or
the parameters of a given protocol can be adjusted
to maximize signal to noise.

Many small speakers and microphones used in elec-
tronic devices perform reasonably well at frequen-
cies up to 30 kHz. The frequency limit of piezoelec-
tric devices is much higher. The higher limit means
that the same devices can use ultrasound whenever
interdevice communication might be distracting or
not be relevant to human listeners.

Sound signals have several convenient mathemati-
cal representations. These representations split the
received sound signal into a function of the original
signal plus noise:

Jreed®) = Froise(t) + f wfsem(t —x)g(x)dx (1)

A received signal can be represented as a sum of the
convolution of the transmitted signal with an impulse
response of the environment and noise ' (Equation
1). Unfortunately, whenever air or any objects in a
given environment move, the parameters of the sys-
tem change, and as a result, the impulse response
may change in time. Therefore, g(x) depends on ¢.
g(x) cannot be calculated at the source and then used
to predict and correct the received signal. In any envi-
ronment that can be used for acoustic communica-
tion, g(x) has to decrease exponentially asx — o.
Also the integral of g(x) over the whole axis must
be less or equal to 1.

The noise component in Equation 1 represents both
the deviation of the system behavior from the reg-
ular convolution formula caused by nonlinearities
and all other sources of sound in the environment.
Noise is uncontrollable and largely unpredictable.

An impulse function gives the most complete de-
scription of an environment. Unfortunately, calcu-
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lating the impulse response of the system in real time
is a complicated task even if ample computational
resources are available. Therefore, working with that
signal representation on small (4-8 MHz) micro-
controller-based devices is not feasible.

It is possible to use a simpler representation of the
received signal. The original signal can reach the re-
ceiver either directly or after reflection from one or
more surfaces. Therefore, the received signal can be
represented as a sum of the directly received signals,
all reflections (echoes) of the original signal that
reach the receiver, and noise:

f;‘ecv(t) :fnoise(t) + z Q; senz(t - Ti) (2)

where 0 < «; = 1 is the energy reduction coeffi-
cient, and T, is the corresponding delay of a reflected
or directly received signal.

Equation 2 has some useful features that help to ex-
plain why spectral analysis works in these situations.
If the original signal is a sine wave, then the sum of
all reflections of the original signal is also a sine wave
of the same frequency'” (Equation 3). Thus, the am-
plitude of the reflected signal is proportional to the
amplitude of the original signal.

2 aiAorig sin ((l)t - Ti) = Aorig 2 Q; Sin(wt - Tz)
i i

—A,, A,, sin(wt — 1) 3)

orig
Since sound reflects differently from different objects
and propagates rather slowly, a sharp change in the
original signal spectrum will cause several changes
in the received signal spectrum. A computationally
simple receiver can correctly analyze the signal only
after asettle time. Therefore, a system can work only
if either the coding frames are longer than the av-
erage settle time or it has an adequate echo-toler-
ance reserve. Although the detectable echo tail in
amedium-sized room can be as much as several sec-
onds long, the strongest echo components are the
first reflections from large surfaces, e.g., walls, floor,
ceiling, furniture, etc. These strongest echo compo-
nents in a room usually have delays only up to sev-
eral hundredths of a second.

Communication protocols. Acoustic computer com-
munication requires special protocols to be devel-
oped. The protocols used in modems, faxes, tele-
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Table 2 Standard Touch-Tone codes

1209 Hz 1336 Hz 1477 Hz 1633 Hz
697 Hz 1 2 3 A
770 Hz 4 5 6 B
852 Hz 7 8 9 @
941 Hz * 0 # D

phones, and remote controls are designed for
mediums other than sound through the air. How-
ever, those protocols can be modified to work re-
liably with acoustic signals.

Modem protocols. An obvious first step in device-to-
device communication research is to adopt existing
fax and modem protocols for acoustic transmission.
The fastest modem protocols exploit almost all of
the properties of existing telephone lines. They rely
on phase information, and they do not tolerate mul-
tiple echoes. Less sophisticated modem protocols (up
to 2.4 Kbps, or bits per second) are less dependent
upon specific telephone-line characteristics and can
be modified for use with through-the-air communi-
cation.

The audio-signal stream in low-speed modem pro-
tocols consists of a sequence of short coding frames.
The transmitter generates several predefined frames
that must be recognized by the receiver. All of the
coding frames have the same length. Different cod-
ing frames must have different spectral character-
istics to be distinguished by the receiver.'® Coding
frames can contain either a single frequency or a mix-
ture of several frequencies. A simple technique used
in modems is frequency shift key (FSK), which uses
single-frequency frames. The FSK frequencies are
chosen so that there are a whole number of waves
per frame and so that the frames can be easily dis-
tinguished by the receiver.

Usually, after traveling through the air, the signal is
blurred because of echoes. A technique for circum-
venting this problem is to increase the frame length
beyond the average echo settle time. Echo tolerance
can also be increased by shifting the coding frequen-
cies used in adjacent frames.

Information-hiding protocols. Bender et al.' suggest
several possible techniques for adding recoverable
inaudible data to a host acoustic signal. Spread-spec-
trum and phase encoding are useful for digital or
high-quality analog transfers. One of their suggested
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techniques, echo coding, preserves hidden data af-
ter the sound has traveled through the air. An ad-
ditional advantage of this technique is that it can be
used in conjunction with a host signal that is mean-
ingful to a human listener, i.e., it can be used in sit-
uations where it is desirable for the device-to-device
communication to be monitored.

Impulse protocols. To send data, IR remote controls
use a sequence of light bursts with different delays
between them. This method can be used with sound.
An acoustic remote control can send short impulses
with pauses between them. (As previously men-
tioned, Zenith Electronics Corporation manufac-
tured a mechanical-acoustic television remote con-
trol in the 1950s. Each button produced a single
tone.) This protocol is easy to implement and re-
quires minimal processing to recover the data. But
it cannot deliver high, continuous data-transfer rates.

Touch tones. Touch tones used to dial telephone
numbers and send information among telephone
nodes work fine in air, but are slow and subject to
noise. However, it is a ready-to-use method for com-
puters to communicate with telephones and faxes.
Recognition and generation algorithms are easy to
implement. Each Touch-Tone** code is a mixture
of two tones chosen from a set of eight basic tones.
Table 2 lists the standard telephone codes.

A personal-computer sound board can be pro-
grammed to communicate with touch tones. Patterns
generated for each Touch-Tone code can be sent to
the sound driver when the user presses the corre-
sponding buttons. The recognition algorithm uses
eight digital filters to detect the basic tones. Touch
tones work well if they are at least 20 ms (millisec-
ond) long. Thus, the maximum reliable data trans-
mission speed that can be achieved using touch tones
is about 200 baud. Standard touch tones are 70 ms
or longer, which is above the typical echo settle time.
Therefore, computers, telephones, and faxes can
communicate reliably using touch tones. The set of
tones can be expanded to achieve higher data-trans-
fer rates.

Other protocols. Almost any modulation scheme of
amplitudes, frequency, or phase can be used for
acoustic transmission, including frequency hopping
or spread-spectrum techniques. As with the modem
protocols described above, compensation for the
blurring of the signal caused by echoes is a major
design issue.

IBM SYSTEMS JOURNAL, VOL 39, NOS 3&4, 2000



Explorations. A study of different data encoding
schemes for acoustic data transmission was conduct-
ed.” In order to verify robustness of the protocols,
several working prototype systems were built that use
sound to communicate. The study was conducted in
an office environment. The transmitter was approx-
imately two meters from the receiver. Both the
speakers and the electret microphone were consum-
er-grade, typical of those shipped with a personal
computer.

Echo coding. In the echo-coding studies, a one-bit
modulation was used. An echo added to a signal cor-
responds to one and subtracted from the signal cor-
responds to zero:

foud(bs 1) = fi(1) + (=1)"af,,(t — A) (4)

where At is the fixed echo delay, (0 < a < 1) is the
echo-to-signal ratio and b is the encoded bit.

If the synthetic echo should change its sign abruptly,
then any change from zero to one or from one to
zerowill resultin a “click.” A way to avoid these clicks
is to increase and decrease the echo component lin-
early at either side of each frame.

There are several methods of detecting an echo with
a given delay. The most robust methods require a
Fourier transform of the signal and an analysis of
its spectrum. Consequently, these methods require
more processing power than is available in most “or-
dinary” devices. For the purpose of this research, it
is desirable to find less computationally demanding
methods. A simplified echo-coding method that re-
quires only one multiplication per sample was de-
veloped:

Fout(t) = i Fin(t + lT) .Firz(t - At + lT) (5)

i=0

where 7is the sampling period, Af is the echo delay,
and N is the number of samples used by the filter.

The filter value of a modulated signal can be pre-
sented as a sum of two components as follows:

IBM SYSTEMS JOURNAL, VOL 39, NOS 3&4, 2000

N—-1

S Fo(x,t +i1)-Fy(x, 1 — At + i7)

i=0

Fout(t) =

N-1

2 [fult +im) + (=1, (¢ + ir — AD]-

i=0

[f.(t +iT— A + (—=1)f,(t + it — 2A0)]
=(=1) X fat+ir—Ar) +

N-1

D (ft +it) f,(t +it— Ar) +

(=)’ (t + i) f,(t + it — 2A1) +
fult +iT — Af) - f,,(t +i7 — 2A1)) (6)

The first component is a sum-of-squares of the orig-
inal function, and the second component is a sum-
of-products of the original function at different
points. The detection of echo is based on the fact
that the absolute value of the first component is usu-
ally greater than the absolute value of the second
component. In most cases, the sign of the filter out-
put is defined by the encoded bit.

The program does not analyze the original signal and,
consequently, may have poor results if the signal con-
tains pauses or resonance frequencies. It is neces-
sary to use an error-correction code and to verify
check-sums to support reliable data transfers.

Experience with echo coding suggests that this
method can give positive results at speeds of up to
100 baud, but it requires too much computational
power to implement a robust real-time communi-
cation protocol. Although the simplified echo-detec-
tion algorithm is fast enough to run in real time on
8-MHz computers, its noise tolerance and signal in-
dependence leave something to be desired. The al-
gorithm can reliably recover only about 10 bits per
second. However, since the coding frame size is
longer than the typical echo tail, echoes in the envi-
ronment do not degrade this method.
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Table 3 Sonicom two-frequency protocol

Table 5 Sonicom spread-spectrum protocol

Transmitter output 1 channel, 44100 8-bit

samples/sec

Receiver input 1 channel, 44100 16-bit
samples/sec

Frame size 120 samples (~2.72 ms)

Coding frequencies 735, 1470, 2205, 2940, 3675, 4410

(Hz)
Hail frequency (Hz) 5512.5
Encoding 4 bits/frame

Transmission speed 1470 bps

Table 4 Sonicom ultrasonic protocol

Transmitter output
Receiver input

1 channel, 44100 8-bit samples/sec
1 channel, 44100 16-bit samples/sec

Frame size 30 samples (~0.68 ms)
Coding frequency 18 375
(Hz)
Hail frequency (Hz) 5512.5
Encoding 1 bit/frame

Transmission speed 1470 bps

The principal advantage of the echo-coding tech-
nique is that it adds information to any acoustic sig-
nal in an audible spectrum (speech, music, noise),
so that human listeners do not clearly distinguish the
communication between devices. One possible use
of echo coding is to intermix a message for humans
with a message for devices.

Frequency shift key and amplitude modulation. Three
protocols based on variants of FSK and amplitude
modulation were developed. The first protocol uses
frames of two frequencies to transmit four bits simul-
taneously. Packets of 64 bytes are sent as a synchro-
nous sequence of four-bit frames demarcated by a
hail frame at the start of each sequence. The receiver,
upon recognizing the hail signal, attempts to synchro-
nize with the incoming data. Once synchronization
is achieved, 64 bytes of information are received and
decoded. The system uses a partial Fourier trans-
form to identify frequency patterns in the received
signal. The second protocol uses an amplitude mod-
ulated 18.4-kHz sound signal. Again, a hail signal is
used for synchronization. Data are sent as a set of
one-bit frames. A third protocol uses 40 groups of
four frequencies to encode 80 bits of information in
each coding frame. The 80 bits include a Reed-So-
lomon error-correction code. This “spread-spec-
trum” protocol achieves a data rate of up to 3.4 Kbps.
All three protocols are implemented as part of Soni-
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Transmitter output
Receiver input

1 channel, 44100 16-bit samples/sec
1 channel, 44100 16-bit samples/sec

Frame size 1024 samples (~23 ms)

Coding frequency 4306-18 087 in ~86 Hz increments
(Hz)

Encoding 80 bits/frame

Transmission speed 3.4 Kbps

com, a device-to-device communications prototype
that uses an ordinary sound board to send and re-
ceive signals. Sonicom transfers data at speeds of up
to 3.4 Kbps (see Tables 3, 4, and 5). A block dia-
gram of Sonicom is shown in Figure 1.

The Sonicom transmitter program generates and
holds samples for each coding frame. The two-fre-
quency protocol uses two tones to encode four bits.
Each frame is comprised of either two different tones
mixed together or silence. See Figures 2A and 2B.

In order to define 16 different frames (four bits), the
system uses six different frequencies. There are 15
composite frames from pairs of frequencies (C?).
The sixteenth frame is silence.

A “hail” frame designates the beginning of each data
packet (128 frames). Hail frames use a different fre-
quency than data frames. This difference ensures that
the receiver is able to readily identify the synchro-
nization frames.

All of the frames are multiplied by the Blackman
function’ in Equation 7:

=042-05 o 0.08 i
flx)=0.42 - 0. s cos 5+ 0. " Cos (7)

where N is the frame width.

Performance is improved when the Blackman func-
tion is used by the transmitter to form frames. Use
of the Blackman function also reduces the number
of calculations required in the receiver.

In general, it is always better to encode data using
as few discrete frequencies as possible. Fewer num-
bers of frequencies require fewer numbers of filters,
thereby reducing the amount of computation nec-
essary to decode a signal. Also, using fewer frequen-
cies improves the overall frequency separation and
noise tolerance of the system. (The spread-spectrum
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Figure 1 A block diagram of the Sonicom system
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protocol is relatively computationally expensive since
it requires a 1024-sample FFT [Fast Fourier Trans-
form] for decoding.)

The amplitude protocol uses a high-frequency (ul-
trasonic) tone to encode data (see Table 4). The data
frames are 30 samples wide at 44.1 kHz. With this
protocol, each frame represents only one bit. Typ-
ical computer microphones and speakers can han-
dle frequencies up to about 30 kHz, but amplifiers
and digital-to-analog converters and analog-to-dig-
ital converters have a limit of approximately 22 kHz.
Conventional sound boards have maximum sampling
rates of 44.1 kHz. However, they do not work well
at this upper limit. Consequently, a 18375-Hz tone
was chosen to correspond to one. Silence was used
to correspond to zero. The same hailing frequency
was used as in the two-frequency protocol—at 5.5
kHz it was audible. This frequency was adequate for
a demonstration system but must be increased if the
protocol is to be ultrasonic.

The Sonicom receiver program conveys data from
the sound-board driver to a set of digital filters.?
The system uses the filter outputs to detect and de-
code incoming data. The receiver program maintains
an idle state when no incoming packets are detected.
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When in this idle state, the system uses only the one
filter that is needed to detect the hailing frequency.
As a hail frame is received, the filter output first in-
creases and then decreases. This output results in a
peak that is one frame wide. By estimating the mid-
point of the peak, the receiver is able to synchronize
with the incoming data. It is only necessary to ac-
tivate multiple filters in order to decode incoming
data packets. Thus, computational load is reduced
between data transmissions.

The digital filters are written in assembler using the
Intel 80386 command set. Fixed-point arithmetic is
used, enabling the program to run in real time on
Intel 80486DX 33-MHz computers. The output of
each filter is calculated by the following formula:'’

2
2 Wlf]l‘ilter

fsample

o 27Tif]“ilter
2 X, COS
k=0 f;ample

N—-1
Fout = E X SIN
k=0

®)
where N is the length of the filter (in samples), fi.,
is the filtering frequency, ., is the sampling fre-
quency, and x;, are the sample values. The value of
each filter is a squared amplitude of the Fourier co-
efficient corresponding to the filtered frequency.
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Figure 2

(A) A packet comprised of the hail signal and 16 different coding frames; (B) the same packet, after traveling

approximately one meter through air, includes noise and echo added by the environment

HAIL 0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15
A
HAIL 0 1 2 3 8 9 10 11 12 13 14 15

Table 6 Impulse coding technical characteristics

1 channel, 1-bit, timer-modulated

1 channel, 44100 16-bit
samples/sec

~5.7 ms (50 semiwaves)

4405

Transmitter output
Receiver input

Coding impulse width
Coding impulse
frequency (Hz)

Bit 0 pause ~5.7 ms (50 semiwaves)

Bit 1 pause ~17 ms (150 semiwaves)

Average transmission 59 bps (7-8 bytes/sec)
speed

Filters are the most computationally expensive part
of the system. The filter blocks are optimized so that
they perform only three multiplication operations
per filter per sample. The program calculates the val-
ues of sine and cosine during initialization and stores
them in memory arrays for subsequent low-cost fil-
ter state updates.

The Sonicom has good echo tolerance, making it pos-
sible to use a short frame size. The protocol works
well with distances between transmitter and receiver
of up to two meters (without obstacles). The recep-
tion improves if the receiver uses two microphones
and sums the inputs.
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Impulse coding. Another protocol, impulse coding,
is similar to Morse code, but instead of using im-
pulses of different length, it sends impulses of con-
stant length with variable length pauses between
them. The protocol encodes one bit at a time. The
value of an encoded bit corresponds to the distance
between two consecutive sound impulses. A short
pause equals zero, and a long pause equals one (see
Table 6). A similar protocol is implemented in IR
remote controls. The protocol is easy to implement,
requiring little computational overhead by either the
sender or the receiver.

The receiver uses one digital filter to detect impulses.
It dynamically adjusts its response level depending
on the maximum filter output level from the last re-
ceived impulse. The program measures the distance
between the rising edges of two consecutive impulses.
If the distance approximates the coding length of ei-
ther a zero or a one, the receiver adds the decoded
bit to a buffer. Otherwise, it resets the buffer.

The implementation has two parts: (1) a program
for sending data using sound; and (2) a receiver in
the form of software programs that decode the sound
signals.
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The data-transfer rate of impulse coding is slower
than protocols that use multiple-frequency encod-
ing. The impulse protocol also suffers somewhat from
echo but otherwise proves to be reliable. Finally, if
audible impulses are used, it creates a disturbing
noise.

Noise tolerance. Each of the protocols used in the
study has a noise tolerance of ~20 dB. However, each
behaves somewhat differently to intermittent sounds
typical of an office environment. The DTMF proto-
col is quite sensitive to human speech. The ultra-
sound encoding is somewhat sensitive to broadband
noise (e.g., aclap). The impulse protocol is sensitive
to human speech and to midrange frequencies. The
noise tolerance of the echo protocol is dependent
upon the original sound source. The spread-spec-
trum protocol is not sensitive to single-frequency
noise sources and is quite tolerant of human speech.

A change in the path between the transmitter and
the receiver may affect the signal delay. The result-
ant distance between coding frames at the receiver,
as measured in samples, may vary significantly. A syn-
chronization mechanism is necessary to overcome
this problem. The receiver has to dynamically esti-
mate the coding frame boundaries to correctly de-
code bits from the data stream. For example, when
the FFT is used to analyze the spectrum of the trans-
mission, the receiver has to find a set of consecutive
samples that belongs to the same coding frame and
is least affected by the noise and echo. In the case
of a single-frequency amplitude-modulated signal,
the receiver has to determine when the filter output
is most likely to have the proper modulation level.

Dynamic synchronization is achieved in the begin-
ning of the reception by calculating FFT or filter val-
ues several times within a single frame. The error-
correction code, which indicates both whether the
data are recoverable and how many errors have been
corrected, is used to choose the best time to decode
the frame. Once a satisfactory synchronization is
achieved, the receiver assumes that the subsequent
frames arrive with the same delay, until it detects an
unrecoverable error.

More sophisticated multifrequency protocols can be
implemented if the transmitter and the receiver are
powerful enough to calculate the FFT in real time.
The FFT is an efficient way to modulate and demod-
ulate sound signals simultaneously carrying many
amplitude or frequency-modulated bits. This type of
modulation puts more information in the frequency
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domain and relaxes the time-domain constraints, in-
creasing the data-transmission rates and decreasing
the impact of the echo and signal delay.

Observations. Five subjects participated in a study
conducted to determine which encoding techniques
produced the least disturbing noise. Subjects listened
to examples of DTMF, ultrasonic coding, FSK, impulse
coding, and echo coding. As expected, since ultra-
sonic and echo-coding techniques operate near the
threshold of the human auditory system, all of the
subjects found these the least disruptive.

Four subjects preferred touch tones to the other au-
dible techniques. They explained that either they
were accustomed to touch tones or that the data
transmission sounded melodic to them. One subject
pointed out that since FSK has a much faster data
transfer rate than touch tones, it might be prefer-
able to listen to an FSK squeal for a short period of
time rather than to listen to touch tones or impulse
coding for a longer period.

Discussion. One could conclude that ultrasound
should be used for device-to-device communication
and that audible signals be sent only when devices
communicate to human listeners. FSK modulation
can be used ultrasonically to achieve even higher data
transfer rates than reported here. However, it will
require special hardware that can operate at higher
sampling rates than conventional sound boards or
that can process analog sound signals. Touch tones
are attractive, not only because they are common-
place, but also because the combination of two fre-
quencies produces a beat (characteristic pulsation)
that makes sound alternately soft and loud. This beat
is similar to the sounds produced by musical instru-
ments. In moderation, the tones seem pleasant.
Touch tones are typically much longer than frames
in FSK modulation. This characteristic explains why
these data coding techniques sound so different to
human listeners. Perhaps double-frequency tones
can be used to make an encoding that sounds like
background music. The only advantage of impulse
modulation is its simplicity. It requires minimal
acoustic hardware quality and processing power and
can be used in small microcontroller-based devices.
(See Table 7 for an overview of all of the protocols
used in the study. The data and software used in the
study can be found at http://vadim.www.media.mit.
edu/ttt.html.)

Applications. A wristwatch utilizing the sound from
its alarm has been programmed to transmit data to
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Table 7 Summary of the protocols used in the Sonicom study

Data Rate Frequencies Computational Noise Tolerance Disruption
Overhead Level
DTMF 38 bps 697-941 Hz & 8 filters Overlaps human speech ~ Melodic
1209-1633 Hz
Ultrasound 183 bps 18.375 kHz 1 filter Only sensitive at one Not disruptive
relatively rare
frequency and to
broadband noise
Spread Spectrum 3.4 Kbps 4306-18087 Hz HEIR Not sensitive to single- Relatively quiet
frequency noises and high-frequency
tolerant to human noise
speech
Impulse 59 bps 4405 1 filter Sensitive to human Relatively loud
speech and mid- mid-frequency
range frequencies noise (most
disruptive)
Echo 10 bps 1 ms delay at —10 dB 1 filter Depends upon original Can spoil
sound signal experience of
original sound
signal

a computer by using an impulse-coding technique.
These data serve as a return channel for address book
and telephone directory data stored on the watch.
Using either the ultrasound or dual-tone technique,
an airport public-address announcement could trans-
mit data to personal data assistants (PDAs) or laptop
computers. A computer might have an easier time
than a human in decoding the contents of those rou-
tinely garbled announcements and would be more
tolerant and exploitative of repetitious messages.

Several computers close to the same wall, floor, ceil-
ing, or table can use an acoustic transceiver to trans-
fer data through a solid object. It would work as a
“wireless” network. The sound would travel much
faster and at higher frequencies than it does through
air.

Three acoustic responders placed on a ceiling can
serve as reference points to track the position of
other objects in a room. A device that wants to know
its position can send a “ping” to the responders, re-
ceive responses, measure time delays, and calculate
the distances to each of the responders. This method
can provide relative coordinates of the device with
very high precision. The theoretical precision limit
for digital processing with a typical sound board
(44.1-K samples per second) is about 15 mm, but an-
alog ultrasonic devices can achieve much better re-
sults. The advantage of this method over electromag-
netic sensors is that all of the coordinate calculations
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are linear. (Ishii et al. used a similar technique in
designing a “reactive” Ping-Pong** table.?)

Device-to-human communication

Acoustic human-to-device communication might be
in the form of a clap or a whistle. It is rumored that
some people can simultaneously whistle the multi-
ple tones necessary to dial a touch-tone telephone.
Presumably this skill is not easily acquired and hence
not a candidate for a general-purpose protocol.
Voice is the obvious candidate for such a protocol
and has been the subject of a great deal of research.
The use of voice generation and recognition is be-
yond the scope of this paper. The following discus-
sion is restricted to nonlexical device-to-human com-
munication.

A principal consideration in designing a device-to-
human communication protocol is the balance be-
tween the human listener’s attention to the task at
hand and attention to the communication itself. A
secondary concern is robustness. A tertiary concern
is bandwidth.

In this section, device-to-human communication is
examined from the perspective of three applications:
audio that only changes the focus of attention of an
intended human recipient (Personal Alarm), audio
that divides attention between a complex task and
performance feedback (Batting Belt), and audio that

IBM SYSTEMS JOURNAL, VOL 39, NOS 3&4, 2000



Table 8 Spectral characteristics of the sounds. The spectral features are indicated by: sharp spectral peaks (P); significant
temporal variations in the spectrum (T); repetition (R); and sharp onset (O).

ORT Cough (variation #1)

Spectrum Sounds
Features
PORT Old phone ring, modern phone ring (2 variations), dog bark, Turkish march, classic music (2 variations), jazz, rock
(2 variations), MS Windows™ start sound, laughter (several people), baby cry, “psycho” sound effect
POR “Wah-wah” (trombone)
PO T “Hi!” (cartoonish voice), “uh-huh” (male voice), “phaser” sound effect, bird chirp, “welcome” (female voice),

“message” (male voice), “message” whisper, “koshmar” (male voice), “yozhiki” (male voice), “toska” (male
voice), “Walter Bender” (male voice), “mommie” (young girl’s voice), monkey scream, horse neigh, sonar ping

PO Glass break, gong, small bell, door squeak, large bell, frog, elephant, mechanical alarm clock
P T Horses galloping by, “UFO” sound effect

OR Keyboard clicks, clock ticking, cough (variation #2)

OT Pneumatic door
P Train going by, large bubbles in water

O Rattlesnake, finger pop, pneumatic gun, cough (variation #3)

R Wind in trees (variation #1)
T Paper rustle

None Surf, waterfall, car going by, wind in trees (variation #2)

is used as the primary focus of attention in a tradi-
tionally nonaudio interface (Audio Search).

Personal alarms. Pagers and cellular telephones
have become a source of annoyance in public places.
They often ring and attract attention at unaccept-
able moments. They are barred from many estab-
lishments for that reason. Furthermore, a single cel-
lular-telephone “ring” in a meeting room may cause
most of those present to retrieve whatever devices
they have from their pockets or bags because all the
alarms are so similar. Meanwhile, the use of alarms
is rapidly expanding beyond traditional telephone
applications. Researchers such as Mynatt* and
Schmandt* are developing systems that utilize au-
dio alerts for a wide variety of messaging applica-
tions.

Alarms have two problems: (1) they are too obtru-
sive; and (2) they are not directed. The objective of
the Personal Alarm project is to find audio alarms
for communication devices that can both attract the
attention of the user and not disturb others. (Note
that the use of vibration as an alarm is limited in its
applicability. It requires that the device be worn by
the user rather than in a purse, bag, or briefcase. Vi-
bration also has a limited range of expressiveness.)

An informal study was conducted to test the level
of obtrusiveness of sounds in a group-meeting envi-
ronment. A wide variety of sounds was prerecorded
on an audiotape. The tape was then played back by
a microcassette recorder with an internal speaker
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placed on a desk at weekly student and faculty meet-
ings. The reactions of five groups of 15-20 subjects
to various sounds were observed and recorded. The
meeting room had no noticeable external noise.
Sound-damping panels on the walls minimized the
reverberation.

The prerecorded sounds were played at approxi-
mately three-minute intervals in order to prevent the
subjects from anticipating them. (One to two min-
utes of concentrated group discussion was sufficiently
immersive to cause the subjects to forget about the
ongoing study.) Twenty sounds were tested in each
session.

Sounds were taken from various sources, including
the Internet, sound sampler CDs, and sound schemes
for Microsoft Windows**. Some speech and noise
sounds were recorded by the researchers. (A com-
plete list of the sounds is shown in Table 8.) The
sound waveforms were scaled so that they had ap-
proximately equivalent perceived loudness. Spectral
diagrams were generated of all the test sounds. These
diagrams were visually analyzed for temporal vari-
ation, rhythmic regularity, energy distribution, and
onset time.

One of the main obstacles in picking sounds for this
study and grouping the results is the absence of a
perceptual sound classification scheme.? The human
auditory system analyzes sounds along many differ-
ent dimensions, and these dimensions have little di-
rect correlation with the physical characteristics of
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the sound. The spectral analysis used in the human
auditory system is fundamentally different from that
used on the computer.

During each meeting of the group, the sounds were
subjectively classified by their obtrusiveness, depend-
ing on how many subjects were distracted, and their
directness, depending on which subjects were dis-
tracted; i.e., were only the subjects proximal to the
sound distracted or were all subjects distracted? The
subjects’ reactions were scaled from “not noticeable”
to “very distracting.”

Observations. Nonspeech sounds tended to distract
and annoy. These sounds shared common charac-
teristics such as attack time, spectral type, and rhyth-
mic regularity. Sounds with sharp spectral features,
steep onset, and large temporal variations were more
noticeable than sounds with flat spectrum, gentle on-
set, and little temporal variations. These observations
confirm results by Patterson et al.,* Edworthy et al.,*
and Swift et al.” who classified alarm sounds and
environmental noise based on their physical char-
acteristics in terms of perceived urgency, annoyance,
and impulsivity.

The results further suggest that for the purpose of
the calm-alarm research, sounds can be separated
into the following groups:

¢ Sounds that conclusively attracted much attention:
regular phone alarms (repeated sound with sharp
onset); any kind of music (sharp onset, repetition),
any short sounds repeated two or more times such
as ticking, clicking, etc. (repetition); animal sounds
(sharp spectral characteristics, instinctive re-
sponse); child’s voice or cry (sharp spectral char-
acteristics, instinctive response); laughter (social
response); unusual sound effects such as “UFO0,”
“psycho,” or “phaser.”

* Sounds that conclusively attracted little attention:
moderate cough (socially acceptable); surf (broad
spectrum); wind (broad spectrum); phrases said
by an adult in a calm, even tone (socially accept-
able).

* Conclusively direct sounds (attract attention of
only one particular person and only a few people
closest to the source): slight cough and rustling pa-
per were heard only by people close to the sound
source; adult voice or whisper alarms, especially
calling a person by his or her name.
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A somewhat surprising result was that music (clas-
sic, rock, jazz, slow, fast, loud, soft) was immediately
noticed by everybody, making it unacceptable as a
nonobtrusive alarm. The probable reasons are large
temporal variations and abundance of sharp onsets
typical of all genre of music. Even background mu-
sic seems socially unacceptable in the meeting envi-
ronment. (Ironically, many of the alarm options that
come preprogrammed into cellular phones are mu-
sical.) Surf, wind, and other broad-spectrum soft
sounds are less noticeable.

The candidates for nonobtrusive alarms were the so-
cially excusable sounds such as moderate cough, pa-
per rustling, or a whisper. Subjects near these sound
sources were distracted, but subjects far from the
source did not notice or did not pay attention to these
sounds.

One way to attract the attention of a particular per-
son in a crowd is to call that person by name.***! This
feature of human auditory perception (a selective
but heightened sensitivity to certain sounds) can be
exploited in order to attract the attention of the user
of a device without distracting others. The user, for
example, may record his or her name for the device
to play back as an alternative to a ring.

Discussion. Sound aside, there are design issues that
may improve alarm usability. When it comes to
alarms, communication devices are at best clumsy.
Unless settings are explicitly changed, devices
“speak” with the same tone and loudness in a quiet
auditorium or on a busy street, whether they are in
abagor in hand. Measurement of ambient noise be-
fore contributing to it is straightforward and useful—
telephones already have microphones with which to
listen. A device may estimate how loud it must be
to be heard above background noise. Determining
whether or not the device is in a bag or a pocket is
also useful. In these situations an alarm must be
louder.

Even without detecting where they are, communi-
cation devices can take a better approach to sound-
ing alarms. For example, they may use the distinc-
tion between important and not-so-important
messages to control ring volume and persistence.
Only when the user does not respond to an impor-
tant message may it be necessary to increase volume.

Sounds produced by personal devices have to be loud

enough to be heard. As the devices become smaller
and lighter, it is reasonable to mount them on the
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shoulder® instead of on the belt, in a pocket, or in
an attaché case. If a shoulder-mounted phone or
pager rings, the sound has to travel only a short dis-
tance to the ear, and thus can be at a lower volume.
It is not necessary to shoulder-mount multiple de-
vices. Having a single “parrot” device that can speak
and listen from the shoulder is sufficient if it can also
talk to other electronic devices.

Finally, people and even some pets understand not
only bells and whistles but also speech. It may not
yet be possible to implement a complete and robust
speech interface for communication devices, espe-
cially small and inexpensive ones, but it is possible
to substantially improve the usability of existing de-
vices with elements of synthesized or stored speech.

Real-time audio feedback. In many situations one’s
attention must be divided between a complex task
and performance feedback. The limits of our ability
to divide our attention between tasks or stimuli has
been studied extensively.**=® Although agreement
is not universal as to how the mechanisms of cog-
nitive resource-sharing work, researchers have dem-
onstrated that subjects can avoid distraction when
listening to one audio stream while immersed in dis-
tractor streams when these distractor streams differ
in voice or pitch from the target.?’

The ability to manage tasks that require attending
to multiple stimuli involves a trade-off between fo-
cused and divided attention. Wickens* has proposed
a “proximity compatibility principle,” which states
that it is easier to switch focus when there is mental
proximity (similarity) and where information that is
related can be treated as a unit. Miyata and Nor-
man argue that the ability to keep all of the tasks in
short-term memory (without “swapping”) is a key
factor in best utilizing the limited human processing
and memory capacity.® This suggests that real-time
feedback, tightly coupled to the performance of a
task, might be optimal in the context of divided at-
tention.

The Swings That Think project® was directed toward
developing a family of devices that provide real-time
motion analysis and audio, tactile, or visual feedback
to users engaged in tasks that require coordination
of body movements and, possibly, some extra-body
affordance (e.g., a golf club, tennis racket, fishing
pole, or baseball bat). The devices perform three
functions: sensing, analyzing, and providing feedback
to the user. Each device consists of a collection of
“wearable” sensors such as ankle and wrist straps,
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belts, and hats that sense characteristics of posture
and motion while engaged in various activities.

One of the systems built for the Swings That Think
project was the Batting Belt. The sensor part of the
system includes a set of accelerometers and gyro-
scopes placed inside a baseball bat and on a player’s
body. An RF transmitter inside the bat and a belt-
pack sends digitized data to a personal computer that
analyzes the motion of both body and bat during
swings. The system provides the player with audio
feedback aimed at improving his or her batting tech-
nique.

From the player’s perspective the system works as
a coach. From the human-computer interaction per-
spective the Batting Belt system is an unusual com-
puter peripheral. The physical batting system in-
cludes a human or machine pitcher that throws a ball
toward a player who has a bat. In order to hit the
ball with the bat, the player has to anticipate the tra-
jectory of the ball. The high speed of the ball does
not allow an untrained player to visually track both
the ball and bat. The ball usually flies between the
pitcher and player in less than 500 ms. A complete
loop of perception to action feedback in people is
so long (200-500 ms)* that the player does not have
enough time to perceive and process the informa-
tion in a consecutive way. The batter cannot rely on
sight alone to coordinate motion but has to antic-
ipate the ball and bat trajectories and act upon in-
direct (in this case, audio) clues.

The only way to gain batting skills is practice. The
first important skill is the ability to hit the ball with
the bat. The player has to learn when to start the
swing, depending on various visual cues, and how to
correct the path of the bat according to the trajec-
tory of the ball (a timing uncertainty of +0.01 sec-
onds makes the difference between a hit and a foul
ball*"). After the basic skill is learned, the player can
work on improving technique.

The sound generated at the impact between the bat
and the ball is one source of real-time audio feed-
back. Two important measures of successful batting
are power and precision. When the bat hits the ball,
the kinetic energy of the bat transfers to the ball.
Therefore, the player has to make the bat move as
fast as possible just before it hits the ball. The ball
has to touch the bat in the right place to transfer as
much energy as possible. If the ball touches the bat too
close to the handle or to the tip, a substantial part
of the energy may be wasted in the vibration of the

GERASIMOV AND BENDER 543



bat. (For the typical bat, the frequency of oscillation
is approximately 260 cycles per second [middle C].
Minimizing this oscillation maximizes the energy im-
parted to the ball. “The highest-frequency sound pro-
duced in the ball-bat contact is roughly one-half the
inverse of the impact time [so that a collision that
lasts less than 1/1000 of a second generates sound
frequencies greater than 500 cycles per second, which
is one octave above middle C]. One hears the char-
acteristic high frequencies in the ‘crack’ of the bat.”)
The “crack” becomes a “thunk” when the ball is hit
off-center, since the collision time is longer.*

The Batting Belt project involved both hardware and
software design. One of the main objectives of the
hardware design was to make the system nonobtru-
sive. The bat sensors had to alter the bat balance as
little as possible. The bat sensors in the later pro-
totypes were embedded inside an aluminum bat.

Since batting requires that players rely on their vi-
sual system to start swinging and to correct the bat
path, visual feedback would be distractive and even
unsafe. Under normal circumstances, the auditory
system provides little or no information before and
during the swing. Hence, sound may be used to de-
liver real-time feedback and coaching information.
In this situation audio is the preferred channel to
provide a robust user interface for the computer sys-
tem.

The Batting Belt system estimates the speed of the
bat using an embedded accelerometer and gyroscope
that measured translational and rotational velocity
components of the bat and in real time generated
a tone with a pitch proportional to the compound
velocity value. The tone helps the players to objec-
tively judge how fast they can swing the bat. Sound
makes it possible to deliver real-time performance
information, avoiding any visual distraction. After
each swing, the player may also visually check the
maximum speed of the bat by the number of LEDs
(light-emitting diodes) lit on the bat.

After each swing, the system analyzes the parame-
ters received from all the sensors to verify how closely
the player followed basic batting guidelines. An ideal
model of batting for the system was taken from
Adair’s The Physics of Baseball.** The model de-
scribes a sequence of events, including a forward step,
rotation of the hips, the torso, the shoulders, and the
arms. A foot-mounted accelerometer helps to de-
tect whether and when the player made a step for-
ward. Body-, head-, and shoulder-mounted gyro-
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scopes track the phases of rotation of the player’s
body. The accelerometer and gyroscope inside the
bat help the system to detect the moment of the bat-
to-ball collision and estimate the amount of energy
transferred from the bat to the ball.

In addition to real-time audio feedback, the system
prepares a report on player performance during the
swing and generates an audio stream that includes
a set of phrases pointing out the achievements and
mistakes during the swing. An example of such an
audio stream is “Try to hit the ball. Turn your hips
later. Make a step forward.” The system is able to
detect errors in body coordination, too early or too
late bat-to-ball collision, and absence of the trans-
fer of weight by a step.

Batting practice is an example of a complex perfor-
mance-oriented situation in which the user has to
train both visual and motor systems. Unlike most
computer systems, the Batting Belt has to rely pri-
marily on sound to convey information to the user.
The visual information containing the recorded sum-
mary of the training session was complimentary and
delivered to the user only after batting practice.

Audio computer games. Even though modern com-
puter games use a rich spectrum of sound effects,
the use of sound is almost always limited to the em-
phasis of action on the screen. Almost all computer
games can be played with sound turned off—the
terms video game and computer game are almost
synonymous. An example of a computer game that
is based on sound—although it has enough visual
clues to be played without sound—is Loom™* by Lu-
casArts. The player has to memorize and play magic
melodies to go through the game. Sounds in some
simulator games, such as SimCity**, may help the
player identify an event even when it is outside the
current field of view.

To break the tradition, a simple nonvideo computer
game, called Audio Search, was written. The game
provides all the information necessary to play the
game by using sound. (The game can be played with
eyes shut.) The objective of the game is to capture
creatures that make noises. The player moves around
the game space using the keyboard and tries to ap-
proach the targets that can be heard but cannot be
seen. In the prototype implementation, the computer
generated stereo sound that was based on the po-
sition of the player and targets. As the player moves
around the space, changes in direction and proxim-

IBM SYSTEMS JOURNAL, VOL 39, NOS 3&4, 2000



ity of the targets are heard. To capture a creature,
the player has to come close to it.

The human auditory system has an excellent facility
for resolving direction. The human ear can detect
the difference in both intensity and phase of the
sound coming from the left and right directions. Al-
though, in a static position, it is impossible to clearly
distinguish between sounds coming from the front
and back, humans can easily compensate for that by
turning their heads or moving laterally. When a com-
puter accurately generates signals in the game for
two or more speakers in the room, a player can
readily find the position of virtual sound objects.

People who played the game found it engaging and
relaxing—unlike many computer games. The game
is an extreme case of complete visual interface de-
nial and points to a way of enriching video games
in general. Future computer games may use sound
to add information that cannot be seen on the dis-

play.

Conclusion

Audio has been largely overlooked as a device-to-
device communications medium. Although it will not
generally replace IR or RF, the use of human-audi-
ble frequencies is either a replacement or auxiliary
channel of communication. Also, creative use of
sound in device-to-human communication may sub-
stantially improve usability, especially in public set-
tings. Alarms can be both efficient in alerting the
owner and less obtrusive and irritating. Embedding
environmental sensors into communication devices
will enable the development of more efficient alert
strategies.

Many extreme high-performance activities such as
batting a baseball require complete, undivided vi-
sual attention. Sound can be used as a communica-
tion medium in these situations.* Hearing may de-
liver nearly as much information as vision. An audio
user interface implemented in learning tools*** or
computer games may improve understanding of the
subject and augment and expand the perceptual
experience.
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