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ABSTRACT

We have developed a system we call Telescopic Spatial Radio (TSR). This system transforms monaural
transmissions from geographically distributed speakers into a spatial audio presentation using binaural tech-
niques which preserve the actual physical angles between participants. TSR instantly augments the user’s
situational awareness with the headings of the speaking users. The system leverages orientation measuring,
location tracking, and signal processing capabilities that are rapidly decreasing in cost. TSR has many
potential applications ranging from emergency and aviation communication to a richer consumer experience.
We have developed a prototype system using laptop computers, GPS, and electronic compasses. The system
allows users to select HRTFs from a library, and operates over a computer network.

1. INTRODUCTION

In many applications involving remote communica-
tion between people, situational awareness of the
relative position of the participants can vary from
a pleasant feature to providing critical information.
For example in search and rescue applications, it can
be critically important to know the relative heading
to other team members as they speak. In social ap-
plications, spatial audio may merely create a richer
and more enjoyable user experience. When people
are within natural speaking distances of each other,

mote speakers could significantly enhance their sit-
uational awareness.

Remote communication systems usually need to sup-
port multiple actively speaking users. However, cur-
rent radio and walkie-talkie systems only support a
single active talker at a time per radio channel. (In
the case of more than one active speaker, all the
speakers or all the speakers except the loudest may
be garbled.) In contrast, a system modeled on collo-
cated speakers would enable the users of the system
to perceive the voices of geographically distributed

the relative position of speakers is immediately con-
veyed by the perceived direction of their voice. Pro-
viding the same directional advantages enjoyed by
collocated speakers to geographically distributed re-

simultaneous speakers as coming from different di-
rections. If the angle between the speakers was sig-
nificantly different for a given listener, the listener
could selectively attend to the speaker of their choice
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using human perceptual abilities commonly known
as the “cocktail party effect”.

We are working to provide advantages of colocated
speakers to distributed remote speakers. We call
the system with these capabilities Telescopic Spatial
Radio (TSR), since it maintains the relative orien-
tation of speakers and listeners, but at seemingly
much reduced distances. This is similar to the use
of telescopes to make objects at given headings ap-
pear closer.

2. SYSTEM GOALS

In an ideal Telescopic Spatial Radio (TSR) system,
geographically distributed people could communi-
cate with each other using devices similar to ra-
dios or walkie-talkies. However, these radios would
be augmented with headphone/mic headsets, signal
processing capabilities, and position and orientation
tracking. They could be connected either by a wire-
less computer network or by one or more conven-
tional radio frequencies. The signal processing ca-
pabilities would be used to spatially encode other
people’s voice communication for output over the
user’s headphones using head-related transfer func-
tions (HRTFs). Based on the location of the speak-
ing person, the location of the user, and the user’s
orientation (determined by a low-cost digital com-
pass integrated into the headphones), the perception
of the direction of the speaker could be immediately
conveyed to the user (see Figure 1). For example,
if the user is facing true north, and the speaker is
a mile away from the user to their west (i.e., left),
the speaker’s voice will be processed to appear to
be coming from the left of the user. If the user then
turns their head while that speaker continues to talk,
the voice of the speaker will appear to be fixed in
space relative to the listening user. Similarly, if the
speaker is at the top of a hill and the user is in
a valley, the speaker’s voice should be perceived as
coming from above by the user at the elevation angle
existing between the users.

3. PROTOTYPE IMPLEMENTATION

We have implemented a prototype TSR system run-
ning on laptop computers augmented with GPS,
headphones, and 3-axis electronic compasses. The
system allows users to select HRTFs from a
library[16], and uses the HRTF's to produce motion-
tracked binaural sound[1] for the users. The system

Orientation of speaker’s head
(compass heading)

Position of speaker (latitude, @

longitude, and elevation with 8
meter resolution)

Wireless
communication

=

Position of listener (latitude,
longitude, and elevation with
meter resolution)

Orientation of listener’s head
(compass heading)

Fig. 1: Overview of system operation. Each
speaker’s audio channel is augmented with their po-
sition and orientation information. This is combined
with the position of each listener and the orientation
of their head to convey the heading of the speaker
via motion-tracked binaural sound.

is currently designed for sample rates of 22.05 KHz
or 44.1KHz. We use Microsoft’s Audio Compres-
sion Manager (ACM) for transparent run-time au-
dio compression and decompression[12]. Microsoft
ACM uses a library of external codecs to convert
audio data from one format to the other. This gives
us the ability to select different codecs depending on
bandwidth and latency requirements. Currently up
to four active speakers are supported over a com-
puter network.

We reduce network bandwidth by using
multicasting[17] for sending audio from speaking
users. In multicasting, the bandwidth requirement
for the speaker’s system is the same regardless of
the number of receivers. The speaker’s system sends
streaming audio to a particular IP-Multicast address
to which all the remote machines subscribe. The
substantial bandwidth savings from multicasting
also helps to reduce network congestion and server
load, and it enables the participation of potentially
thousands of remote listeners.
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Although our prototype TSR system is based on
a computer network, it could also be supported
with analog radio systems capable of receiving sev-
eral radio channels simultaneously. (Note that dig-
ital radio systems employing orthogonal frequency-
division multiplexing already receive several frequen-
cies simultaneously.) In a system utilizing a band of
analog radio channels, speakers could be assigned to
a particular frequency based on whichever channels
were not in use and had the least noise. The po-
sition of the speaker (e.g., GPS coordinates) could
be repeatedly broadcast on a low bitrate orthogonal
channel (<1Kbs). This is similar to the broadcast-
ing of digital data in the third harmonic of the stereo
subcarrier in the Radio Data System[10].

Our system uses GPS receivers to determine the lo-
cation of each user, providing their latitude, lon-
gitude, and elevation. We use a commercially-
available GPS receiver in a sub-PCMCIA form fac-
tor with an external antenna. GPS receivers are
being rapidly reduced in size and cost to support
widespread adoption in cellphones in support of 911
location awareness. The target cost for GPS re-
ceivers in volume is two dollars. The major limi-
tation of GPS for our application is that it does not
work indoors. For indoor applications other position
sensing techniques or a combination of GPS and in-
ertial navigation techniques would be required.

We also need to know the orientation of the user’s
head relative to the speaker. We currently obtain the
orientation from a 3-axis digital compasses. Elec-
tronic compasses are also rapidly decreasing in cost
and size; 3-axis compasses are approaching ten dol-
lars in volume. A 3-axis compass is required be-
cause the user may tilt their head as well as rotate
it. A 3-axis compass first determines the inclination
of the compass, and then uses this to process the
output of magnetic sensors in X, Y, and Z orienta-
tions into a compass heading. The compass should
be placed at the top of the headphone band, since
this reduces and balances the magnetic interference
from the transducers in the headphone’s speakers.
The digital compass used in the prototype system is
shown in Figure 2.

Convolving a single speaker with HRTFs using a
1.8GHz laptop only uses less than 10% of the pro-
cessor for 22.056KHz sample rates, even though the

Fig. 2: The digital compass used in the prototype.
The actual compass is the small daughter board to
the right; the scale is given by the serial connector
on the left.

Fig. 3: Remote prototype setup including user inter-
face. (The compass and GPS plug into the laptop.)

HRTF processing is performed in C++ code with-
out using specialized instructions for higher floating-
point performance. Embedded signal processing to
convert incoming monaural radio transmissions into
binaural presentation for the user should require pro-
cessor resources costing only a few dollars.

4. IMPLEMENTATION ISSUES

There are many design alternatives possible in a
TSR system. These include methods of HRTF se-
lection and adjustment, HRTF storage, simulation
of reflections and distance, control of the telescopic
zoom settings, and volume level control. Other de-
sign issues include methods for graceful degredation
with loss of position or orientation data, opportuni-
ties for virtual positioning, compatibility with legacy
systems, and the networking topology used.
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4.1. HRTEF Fitting

In our prototype we allow the wuser to select
the HRTF with the best match from the HRTF
database[16]. One common issue with the use of
generic HRTFs is elevation mismatch due to pin-
nae differences. To null-out elevation mismatches
we have added an elevation slider to the graphical
user interface on our prototype. This merely shifts
the elevation index into the HRTF database by the
amount specified by the slider.

In a practical implementation of TSR, users would
need the ability to select between multiple HRTFs to
find a good fit for their own HRTF. Recent work has
shown that a relatively small number of HRTFs can
provide a good fit for most users[14]. Seeber and
Fastl found that a selection among the most com-
mon 5 HRTFs provided a good fit for approximately
85% of the test subjects. In practice, users should
be able to try out HRTFs in order of the most pop-
ular to the least popular, to minimize the number of
evaluations required before being able to start using
the system. The ability to enter relevant morpho-
logical information (like the user’s age) could also
be helpful in improving the efficiency of the fitting
process.

In some cases a more complicated fitting process over
a larger database might be required, or in extreme
cases users might want to be able to supply their own
HRTF. In this case HRTFs could be downloaded into
the radio either by short range wireless radio (such as
Bluetooth), infrared, or by the use of a flash memory
card.

Finally, in cases where a proper fit could not be
achieved due to time or other constraints, the sys-
tem should support the disabling of spatial audio
presentation. This would also be an important ac-
commodation for people who had a significant hear-
ing impairment, such as being deaf in one ear.

4.2. HRTF Storage Requirements

The storage requirements for one complete HRTF
of 200 filter coefficients, 50 azimuths, and 25 eleva-
tions for both ears[16] requires 2 megabytes. With
continued scaling of Moore’s Law this has recently
become a relatively small amount of data. For exam-
ple, flash memory cards containing 512MB are cur-
rently available for 77 dollars in single retail quanti-
ties, or about 15 cents per megabyte. Furthermore,

HRTF databases contain a fair amount of redun-
dancy, so they can be significantly reduced in size
through data compression. We have found compres-
sion down to 33% of the original data set size are pos-
sible using ordinary compression techniques such as
Lempel-Ziv (i.e., Unix compress or WinZip). (Com-
pression techniques tailored for the HRTF databases
should be able to achieve even higher compression
rates.) Nevertheless, even with generic compression
techniques, the storage to contain 5 full HRTFs in
compressed form would only require less than a dol-
lar of flash storage at today’s retail prices. The abil-
ity to load HRTF's via a wireless connection or a
flash memory card slot could likewise be provided at
modest cost. Finally, the size of the HRTF database
could also depend on the extent that HRTF inter-
polation techniques were used[11].

4.3. Reflections

In order to provide the most effective user experi-
ence, even if users were in outdoor settings, the pres-
ence of the system’s users in a shared physical room
should be simulated. This is because reflections aid
in creating a perception of spaciousness and creating
the perception of direction. Basic reflections could
include listener torso reflections and a first reflection
from a simulated floor. More extensive modeling of
reverberation could also be used to help indicate rel-
ative distances[15].

4.4. Simulation of Distance

It is also possible to convey a perception of relative
distance by signal processing of the audio waveforms
presented to the user[18]; however people are not
as accurate in perceiving distances as they are in
perceiving directions. This processing would modify
the timbre and volume of the waveform. Obviously
there is usually no point in simulating the actual
distance, since speakers may be many miles apart.
Also, there are limitations on how much a speaker’s
voice can be attenuated without reducing its intelli-
gibility. However, within limited ranges, some per-
ception of relative distance could be simulated. The
distance to the furthest speaker could be ratioed to
a maximum distance without resulting in unaccept-
able intelligibility degradation, and speakers closer
than this could be presented as being closer by the
same ratio. For example if the maximum simulated
distance was 25 feet, and the distance to the fur-
thest user was 25 miles, all speakers could be ren-
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dered to be at a perceived distance of one foot from
the listener per each actual mile. Other, non-linear
mappings may be used as well.

4.5. Telescopic Zoom: Manual and Automatic
It is also possible to control the magnification of
the sounds from distant participants either manually
(similar to a zoom lens on a telescope) or automati-
cally.

In the manual case, the user could be given a con-
trol which sets the falloff of sound with distance.
By varying this control the user could restrict their
hearing to varying radii around their position. This
is useful in cases where the system many be in use by
many teams of people over a large area, for example
fire fighters in a large city such as New York.

In the automatic case, the distance functions could
vary dynamically depending on the number of active
speakers. In this scenario, the sound would fall off
slowly with distance if there were few active talkers,
but if there were many active talkers, sounds would
be processed to falloff more rapidly with distance.
The falloff rate would be chosen so that the number
of active speakers heard by the user would not ex-
ceed the number of conversations discernible by the
listener using the cocktail party effect. Hence the
falloff function could also be a function of the rela-
tive position and distances to the speakers. For ex-
ample, if many equal-loudness speakers were spread
optimally around a listener[13, 4] the falloff with
distance could be reduced. An automatically zoom-
ing system would have the disadvantage that remote
speakers would appear and disappear based on the
presence of close speakers, especially if they had the
same heading. This might generate some confusion
on the part of listeners, and should be investigated
experimentally.

The effectiveness of both manual and automatic
zoom control would also be a function of level con-
trol, as discussed in the next section.

4.6. Volume Level Control

In many radio systems, the goal is to present both
close and distant speakers with the same loudness.
This is accomplished through the use of automatic
gain control at one or more points in the system.
However, in a TSR system, depending on the dy-
namic range of the communication channel and the

ambient noise levels experienced by the users, vol-
ume levels closer to calibrated signal levels could be
used. In this case, speakers who were speaking very
loudly would be perceived as speaking more loudly
than those who were speaking softly. Thus even at
distances beyond those normally intelligible based
on the zoom level, loud discourses could be heard
and understood. The level control could be designed
to vary automatically from calibrated to compressed
based on the ambient noise level.

The volume of the talker could also be made depen-
dent on the orientation of the talker[7], similar to
the case where the talker and listener are physically
co-located. In this way a talker could selectively di-
rect their voice to different listeners depending on
the orientation of their head or via user interface
controls. The directivity is also obviously a func-
tion of the virtual room reverberation model being
used. Since the talker is also a listener, they already
have head orientation sensing. If the talker loudness
was also made dependent on the talker’s head ori-
entation, the orientation could also be sent on the
same orthogonal data channel as the talker’s posi-
tion data. This would add an insignificant amount
of additional bandwidth (only a few dozen bits/sec
could suffice). Since the directivity of human talk-
ers is more uniform among different subjects than
HRTFs, only a single data set specifying directivity
with azimuth and elevation would be required. Even
if this was frequency-dependent, this would require
storage less than or equal to an HRTF.

4.7. Graceful Degradation During Tracking Loss
Because the spatial audio presentation in TSR is de-
pendent on position information from the speaker
and listeners as well as the orientation of the listen-
ers, loss of this information has implications for the
system operation.

4.7.1. Loss of Position

If a user went indoors (in a location without indoor
GPS repeaters), loss of position information could
occur. However, in order to measure the user’s head
orientation with a 3-axis compass, X and Y accel-
erations must be measured. If Z accelerations are
measured as well, and all three accelerations are in-
tegrated, this forms the basis of an inertial naviga-
tion system. This could be used to predict a lis-
tener’s position when out of contact with GPS (or
other primary position tracking system). Because
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inertial navigation has drift and other errors that
can accumulate over time, the precision of the posi-
tion estimate will degrade with time. The expected
error bounds on position can also be broadcast on
the orthogonal data channel with very little addi-
tional bandwidth. If the error becomes significant
relative to the position of a listener (e.g., it could
cause the speaker to be either to the right or left
of the listener), then spatial presentation of that
speaker’s voice could be disabled for that listener.
Spatial audio presentation would also need to be dis-
abled in cases where the system had obtained no pri-
mary position information since being powered on.
In this case the position uncertainty would be set to
its maximum value.

4.7.2. Loss of Orientation

The loss of orientation data is less likely than the
loss of position information, since compasses also
work indoors. Compass headings can be affected
by large magnets, electric currents, or ferrous struc-
tures. This could cause errors in the orientation
data, however most environments should be fine.
In extreme environments magnetic sensing could be
augmented with angular rate gyroscopes, similar to
the augmentation of GPS with inertial navigation as
described above. Good quality electronic gyroscopes
can now be obtained for under ten dollars in volume.

4.8. Virtual Positioning

Listeners and speakers would not need to be limited
to their actual physical position or orientation. For
example, a fire chief might want to participate in
operations from the auditory vantage point of being
in the thick of things, rather than being off to one
side. Thus our prototype allows a user to specify ei-
ther an absolute virtual position or a virtual position
relative to their actual physical position.

You could also imagine a situation on a battlefield
where a remote senior commander would want the
vantage point of a field commander or a team. In
this case the virtual position could be set to auto-
matically “tag along” with a particular speaker, or
to automatically be centered in the middle of recent
speakers.

4.9. Compatibility with Legacy Systems

In a digital system, all users are likely to be using
compatible systems. However if TSR capabilities
are overlaid on traditional analog communication

channels (using techniques similar to those utilized
by the Radio Data System), some users with older
equipment may not transmit their position (and op-
tionally orientation) data. In other cases, if there
were large amounts of radio interference, transmis-
sion over long distances, or obstacles to radio trans-
mission, analog voice signals might be intelligible
but the orthogonal data transmission might be lost.
In both these cases the speech of talkers would not
be able to be spatialized, but would be presented
equally to both ears of the listener.

4.10. Network Topology

The TSR devices could be connected by a wireless
network in either a distributed or centralized fash-
ion (see Figure 4). In the distributed arrangement,
each TSR device can either send its user’s voice in-
formation individually to the other TSR device or
as a group via multicasting. In the centralized ar-
rangement, each TSR device can communicate with
a server which aggregates the voice traffic from each
speaking user and sends the combined data back to
all the users. The server configuration can be es-
pecially useful in cases where users may be out of
radio contact with each other, but are all connected
to a transponder on high ground (including satellite
systems).

In the server arrangement, multiple audio streams
from multiple simultaneous streams are combined on
the server and only a pair of audio channels is trans-
mitted to each user. In the distributed scenario, each
user must receive audio from every active speaker,
and process it based on HRTFs and combine it lo-
cally. This requires more local compute power than
the server approach, especially in the case of multi-
ple simultaneous speakers, but eliminates the need
for a centralized server. Multicasting (for computer
networks) or broadcasting (for radio systems) can
be used in the distributed case so that the audio of
each speaking user needs to be transmitted only once
- otherwise the network transmissions per speaking
user could go up as the number of active listeners.

5. APPLICATIONS

Telescopic Spatial Radio’s ability to augment the
user’s situational awareness with the headings of the
speaking users can be valuable in many applications.
For example, in aviation, the direction of speakers
can be crucial. With TSR when an airplane has
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Fig. 4: Two possible prototype network architectures, using either centralized or distributed communication.
Our prototype uses distributed communication with multicasting.

passed over a control tower the voice of the controller
would be perceived as passing below and behind the
pilot. Pilots speaking from other planes around the
pilot could also be heard speaking from the direc-
tions of their airplanes. This technology would also
have applications in military communications and
could reduce the incidence of friendly fire.

Although not life-critical, the ability to enjoy direc-
tional spatial audio at a distance for a modest addi-
tional cost could enhance the rich media experience
of users in many different communications applica-
tions. For example, many cellphones may be aug-
mented with GPS capabilities for provisioning 911
services. If electronic compasses are also included,
then cellphones of the future could have the track-
ing capabilities required for implementation of TSR
Thus one might hope that TSR could aid people in
meeting each other in crowded locations, or allow
multiple distributed people to chat with each other.

However, in the case of a cellphone the orientation
tracking function is more likely to be implemented in
a cellphone handset instead of in lightweight earbud
headphones. In this scenario, motion-tracked binau-
ral sound could not be provided based on the user’s
head, but only on the approximation of their median
head orientation based on an expected angular off-

set from their cellphone handset mounted on their
belt or in a pocket. Thus, users would only get good
orientation spatialization while orienting their head
forward. Of course, such uses would require much
better voice quality, but that is an issue with many
non-technical considerations.

6. RELATED WORK

Recently there has been much work in spatial audi-
tory displays for presenting information using spa-
tial displays and for distinguishing among many si-
multaneous talkers[8, 3]. However, the focus of this
prior work has been on maximizing intelligibility of
complex audio scenes by varying the position of the
sources. In contrast, the focus of TSR is on pro-
viding a physically accurate spatialization of mul-
tiple talkers based on the actual physical locations
and orientations of the participants, in order to con-
vey heading and distance information along with a
talker’s voice.

7. SUMMARY

Telescopic Spatial Radio can naturally convey mul-
tiple speakers’ headings to listeners over large dis-
tances. TSR can also support discrimination among
simultaneously speaking users at different headings
via human perceptual abilities (i.e., the “cocktail
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party effect”). The orientation and position track-
ing technologies required to implement TSR are
available today and are rapidly decreasing in cost.
Furthermore, signal processing to convert incom-
ing monaural radio transmissions into binaural pre-
sentation requires only modest computational re-
sources. We believe Telescopic Spatial Radio could
provide significant value in many applications, and
is worthy of further research and development.
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