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ABSTRACT

We present the architecture,
applications of a real-time, multi-site, interaetivand

collaborative  environment called Distributed Imniegs
Performance (DIP). The objective of DIP is to depethe

technology for live, interactive musical performaadn which the
participants - subsets of musicians, the condwtdrthe audience
- are in different physical locations and are iovemected by very
high fidelity multichannel audio and video linkBIP is a specific
realization of broader immersive technology - tiheation of the
complete aural and visual ambience that placesrsopeor a
group of people in a virtual space where they capegence

events occurring at a remote site or communicateiraldy

regardless of their location. The DIP experimersigdtem has
interaction sites and servers in different locaian the USC
campus and at several partners, including the NewrldV
Symphony of Miami Beach, FL. The sites have défartypes of
equipment to test the effects of video and audielify on the

ease of use and functionality for different apglmas. Many

sites have high-definition (HD) video or digitaldeio (DV)

quality images projected onto wide screen wall ldigp

completely integrated with an immersive audio rejpiaion

system for a seamless, fully three-dimensionallaamaironment
with the correct spatial sound localization fortggpants. The
system is capable of storage and playback of theyratieams of
synchronized audio and video data (immersidatajl afilizes

novel protocols for the low-latency, seamless, byokized real-
time delivery of immersidata over local area nekgoand wide-
area networks such as Internet2. We discuss derecant

interactive experiments using the system and maapnical

challenges common to the DIP scenario and a brozaee of
applications. These challenges include: (1). loatericy

continuous media (CM) stream transmission, syndhation and

data loss management; (2). low latency, real-tindeo and
multichannel immersive audio acquisition and remdgr(3). real-

time continuous media stream recording, storageybgick; (4).
human factors studies: psychophysical, perceptuwatistic,

performance evaluation; (5). robust integration aif these
technical areas into a seamless presentation foatttieipants.

technology and expetiah
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1. INTRODUCTION

At the USC Integrated Media Systems Center (IMS@) pursue
research, engineering, education and industridhlootations to
develop the technologies mhmersiveand otheintegrated media
systems (IMS) [1],[2]. Our vision afmmersive technologig the
creation of a complete audio and visual environnikat places
people in a virtual space where they can commuminaturally
even though they are in different physical location

This paper describes a real-time and multi-sitetritigted

interactive and collaborative environment calledstBbuted
Immersive Performance (DIP). The DIP environmente of
IMSC's primary initiatives, forms an ideal testbied multimedia
creation, archiving, representation and transmissibelectronic
experiences. As a system, it facilitates new fooinsreativity by
enabling remote musical collaborations. Musicalabmration
demands a level of fidelity and immediacy of resgmthat makes
it an ideal testbed for pushing the both the limifs human
perception as well as current technology. Theqperance of
such an experiential system can be measured andtifipch
through the capture, replay and analysis of digitasic signals.

We first describe an initial realization of immessitechnology
developed at IMSC, an on-demand Internet applinatalled
Remote Media Immersion (RMI). The remainder of thaper
focuses on the concepts and technical challengeseatting a
Distributed Immersive Performance Environment. Wéscribe
the DIP experiments conducted in the past yeahidiveg a cello
master class (asynchronous playing) and two cal&he
performances (duets, synchronous collaborationjuchenting
the experimental setup and the musicians’ expeggenclable 1
shows the timeline of events. Any musical perfaro®acreates a
complex web of human relationships: between peesahperson
(musician or audience), between individual and groand
between group and group [3]. Descriptions follosr future
experiments involving Distributed Immersive Perfarme and



proposals for modeling and archiving the users’egigmces and
these human relationships.

2002

Oct 29 Internet2 Meeting: RM| Demonstration

Performance by New World Symphony
(immersive audio and video) streamed from
server at IS| East cross-country to USC.

Dec 28 DIP Experiment 1: Distributed Duet

A two-way duet (audio only) with violist Wilson
Hsieh and pianist Elaine Chew at remote USC

2003

audio creates virtual presence. at one

Jan 18 Recor ding from Stream

Multi-channel audio is streamed from the New
World Symphony in Miami and recorded at
USC in real time.

Jan 19 DIP Experiment 2: Remote Master Class

A two-way remote master class with cellist Ron
Leonard at USC and students at the New World
Symphony in Miami. Large screen video and
immersive audic

Jun 2-3 DIP Experiment 3: Duet with Audience

A two-way performance with Elaine Chew at a
piano in USC'’s Thornton School of Music and
Dennis Thurmond with the accordion and
audience at the School of Engineering. Large
screen projection and PC monitor, earpiece
audio and immersive audio.

Table 1: Timeline of Remote Media Immersion andtiibsited
Immersive Performance experiments
described in this paper.

2. RELATED WORK

There are a number of projects related to DIP bemgued by
academia and industry. In a one-way non-interactixperiment
in April 2000, the first live high definition telésion (HDTV)
newscast produced over the Internet successfullgched
television viewers in Seattle [4]. The demonstrativas a joint
effort by the University of Washington with suppfmam several
industrial partners. Other research is pursueATR in Japan,
and several universities in the US and Europe. HEbmpean
Union’s Information Technologies Program [5] cuthgriunds an
ongoing multi-year project spanning several Europeations on
Multisensory Expressive Gesture Applications (MEG®]) The
research centers on the modeling, real-time arsafysil synthesis
of emotional content in music performance. While oof the
proposal’s stated goals is to create performanoggs utilizing
networked musical communications, at present thentev
descriptions do not contain evidence of networkedlim

sites. Low latency transmissions and immersive

and demonstgtion

Artistic collaboration over long distance, also kwmoas “long-
distance art,” is not a new concept. In 1977, @igerformance
art for Document 6 (see [7].) was broadcast livglopal satellite.
In 1993, experiments with networked music perforoeaaver the
Internet were done at USC'’s Information Sciencesitite. The
network synchronization protocol [8] and examplésnaisic that
can tolerate delays can be found at [9]. The nundred
complexity of distributed music performances hawmeréased
through the years and include the 1998élange a troi§ an
audio-only three-way collaborative performance leetw\Warsaw,
Helsinki and Oslo, [10] and the 2002 Jam Sessiotwdsn
Stanford’s Soundwire group and McGill [11]. A It milestones
in real time networked media can be found at [12].

The problems encountered in these prior distribyedormance
experiments relate to the realism and immediacyhef inter-
musician feedback, a requirement for effective camication in
a demanding performance situation. The problems ba
categorized as: (1) network delays, (2) signal bymorization, (3)
echo cancellation, and (4) non-immersive audio andeo
acquisition and rendering. All the performanceffesad some
combination of the three, and the compensatory umeas(if
employed) include: extensive practice to modify itians’
responses; providing only local feedback and uaisgnductor or
timing tracks to synchronize the music streams; aedforming
music not based on pulse, music that can withstamdom delays
or music with built-in buffer zones that allow meisins to “reset”
the clock. For example, in the Stanford-McGill ssecontinental
jazz jam that took place in June of 2002, the mag&performed
with audio latencies around 90 ms (when video wWasirgated),
even greater video latency and no attempt was made
synchronize the two.

All these efforts differ from our DIP approach iaveral ways.
The synchronization between multiple channels afewi and
audio streams (when it occurs) was either manuwadlyieved or
manually adjusted in the above mentioned experisneHbwever,
synchronization is essential, particularly in apaiions that
involve human observers. Immersive distributedliapfions are
the next frontier in networked communication. Tiegerve the
effect of immersion, participants must be proviséth a sense of
“immediacy”, which requires that latency betweemtipgants is
minimized. To achieve this level of illusion, tighynchronization
between participants is required. The transmisssborage and
retrieval of multi-channel audio and video whilegerving both
inter- andintra-channeltime dependencies is an integral aspect of
the DIP architecture. Furthermore, most relatenjegts either
have no provisions for a storage repository orudel a solution
that is special-purpose.

3. PRIOR WORK: THE REMOTE MEDIA
IMMERSION PROJECT

An initial realization of the immersive technologglled Remote
Media Immersion (RMI) was created at IMSC for captistorage,
transmission and reproduction of audio and videesgmce
(http:/imsc.usc.edu/rpi The RMI system is the result of
integrated efforts across IMSC among researcheiminersive
audio (Kyriakakis and Holman), data storage anckashing
(Zimmermann and Shahabi) and error correction (B@paulos).
The Corporation for Education and Network Initigsv in
California (CENIC) awarded IMSC’s RMI project an ihtwable
Mention in the “Gigabit or Bust” category in MayQ@3.



To create a convincing sense of immersive presesmpaires the
delivery of extremely high fidelity picture and sul that
approaches the limits of human perception. RMIoiporates
several technical innovations to achieve this:

1. acquiring video at data rates of 100 Mbps, trartgmgitand
displaying it at data rates of 45 Mbps or morernuvjge
high-definition (HD) or better quality.

2. acquiring and transmitting more than 16 channels of

immersive audio sampled at 48 kHz and 24 bits endaped
in a 32 bit carrier, resulting in a bit rate of IMbps per
channel. The received audio channels are proceaststte

client end and rendered over the 10.2 channel myste

developed at IMSC.

3. capturing the acoustical signature of the remotérenment
in advance, and then synthesizing the signal intipiel
virtual microphone locations to generate a more énsive
sound field.

4. devising architectures for real-time storage araytmhck of
these multiple independent streams of video andoadiata
from heterogeneous, scalable, distributed servers.

5. development of protocols for synchronized, effitieaal-
time transmission of multiple video and audio gtegrom
multiple distributed servers over local area andleaarea
shared networks. We impose rigid bounds on timayde
among the streams, latency and quality of servigfg).
The strict quality requirements are necessary toidav
glitches, hiccups, artifacts and loss of immersaadism.

6. the robust integration of all these technical ardasaddition
to protocols to overcome network losses, RMI inekd
retransmission and other protocols at the apptinand
perceptual layers to overcome losses in the treas$om
process and provide a seamless experience fos#re.u

In October 2002, RMI was featured at the Fall Imé¢2
Consortium Member Meeting hosted by USC [13].
demonstrated RMI in presenting a recorded conaafopmance
by the New World Symphony (NWS) of Miami Beach, FL
(shown in Figs. 1 and 2). The New World Symphoh¥][is a
post-graduate institution that educates young rarsic for
leadership and performance careers in orchestsasembles
around the world, and is one of our partners i thork. At this
event, the content was streamed cross-countryasgbared high-
speed network from a server in Arlington, VA. Aadénce in
the 550 seat Bing Theater on the USC campus expedethe
event on a large screen. An immersive sound systevided
more than twelve audio channels while the video pragected in
high-definition 720p format. Error correction pvools developed
at IMSC were utilized to ensure seamless transamissiithout
glitches.
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Figure 1: Synchronized immersive audio and videmfa concert
is acquired and transmitted by cameras and an adfay
microphones.

Figure 1 shows RMI used in the context of capturtr@nsmitting
and reproducing the concert. An array of microp®is placed
in the concert hall (Figure 1) and the audio sigrthey measure
are transmitted using high-speed wide-area netw@usN) such
as Internet2 or a local-area network (LAN). Siran&ously, very
high resolution video (high-definition (HD) videa tetter) is
captured by one or more cameras and also trandntiitteugh the
high-speed network. Both audio and video may biseecorded
locally or at sites located anywhere on the networkoff-line
playback. Following this acquisition and data atm, the
processed audio is reproduced (rendered) in an igivee
environment that accurately preserves the audiguémecies and
their correct spatial relationships to the listerthus completely
reproducing the ambience of the original concerinuee
Combining synchronized high-definition video withhet

immersive sound completes the immersive experié¢hicpire 2).
The reproduction site can be as small as a liviwgror as large
as an auditorium.

Figure 2: The immersive audio and video is transadifrom a
server through a shared high-speed network toemtclocation.
There the audience is immersed in an audio envieonthat
accurately reproduces the audio frequency contedt spatial
relationships of the concert. Combining the imrvergwudio with
high-definition (HD) video completes the system.



RMI is unique and successful because we completahyrol the
end-to-end process, from capturing the contengrfating to the
network, transmitting it without perceptual lossioformation or
quality, and rendering it at multiple geographigalilistant
locations. It transforms the Internet from a lbgelity medium

for browsing information to a high-fidelity mediudelivering a
rich experience beyond any home medium in exist¢oday. It
is one of the few Internet applications (of whicle are aware)
that goes beyond the network connections and rawdvaidth

requirements of an application.

On January 18, 2003, the uni-directional streamaigpre-

recorded multichannel audio was extended to multickel audio
recorded over the internet. Using Papadopoulagaisting
software combined with selective retransmissionreeorded an
entire performance of the New World Symphony livent

Miami's Lincoln Theater. The recording was donehweight
channels, the number of microphones available ianhli About
two hours of material was captured with only a v@mall number
of clicks that are due to the limitations of thewmerk equipment
in Miami.

To our knowledge this was the lowest latency rerpetéormance
ever with a latency of about 150 ms (35 ms duéheodistance
and about 120 ms buffers to ensure smooth playback)

4. DISTRIBUTED IMMERSIVE
PERFORMANCE (DIP): THE VISION AND
THREE EXPERIMENTS

Our current work is a real-time, multi-site, inteige specific
realization of the immersive environment call@istributed
Immersive Performance (DIP). The Remote Media Immersion
experiments and demonstrations primarily utilizeddirectional
transmissions and off-line audio and video processiThe DIP
project leverages the RMI technology and exterglsapabilities
to multi-directional, multi-participant and reair& interaction in
synchronous and collaborative music performancée goal of
the DIP project is to develop the technology forf@enances in
which the participants - subsets of musicians,deductor and
the audience - are in different physical locatioasd are
interconnected by high fidelity multichannel audied video links
as shown in Figure 3.

There are generally two classes of participanth different sets
of objectives and requirements. We label the gigantsactive

or passive depending on their level of interaction and thteray

they can tolerate. For example, in a tele-confereapplication,
all participants are generally active. For a penfance event,
there is a mix of active participants (musiciansainconcert,
players in a sports event, panelists at a meetingse primary
actions are those of doing, of physically engagmthe activity)

and passive participants (the audience, whose priagtions are
seeing and listening). Figure 3 depicts one irtgtanf a
distributed immersive performance involving a tatéffive sites,
three player sites (each with one or more musigjiansonductor
site and an audience site, all in different loaatio The players
respond to the hand gestures of the conductor qvilgnals
depicted by the large arrows (large bandwidth ffimes")), and
the conductor hears the musicians via lower banttiwalidio
connections (the narrow yellow lines). In ordersgmchronize
their playing, the musicians must be able to astlésear (and
perhaps see) each other, and these lower bandvedtio

connections are also shown. The resulting conoerst be

delivered in synchronism to a passive audiencediteer location
as depicted.

Figure 3: The Distributed Immersive Performancé(Cconcept
and typical transmission latencies.

Note that musicians at live performances are ablevercome
inherent audio transmission latencies among theraseht least
for distances within a concert hall. Figure 4 shaWwe typical
audio latencies for musicians in a symphony orchesthe speed
of sound is approximately 3xi@neters per second, as compared
to the speed of light at 3x4@neters per second. In this scenario
with a live conductor, the visual delay of the coair to each
musician is zero. It is notable that the netwatehcy shown in
Figure 3 maps to the audio delay on stage as showigure 4
and the fact that musicians can adapt to the imhdagency to
play in synchronism. Thus, a major challenge ia fhoject is to
quantify and measure the psychophysical, percetodlartistic
effects of audio and video latency, synchronizagtmmpression,
bandwidth, noise, packet loss and other physiceampaters on
two-way and multi-way musical and other forms ofnfan
communication.

Figure 4: Audio latencies in a live orchestral perfance.

4.1 DIP Experiment 1: A Two-way

Interactive Duet (Immersive Audio only)

Our very first DIP experiment was a distributednuiaviola duet
between two remote sites that took place on Decebe2002.
Pianist Elaine Chew was in the Powell Hall of Emgiring (PHE)



with a keyboard and violist Wilson Hsieh was in tHeighes
Electrical Engineering Center (EEB) with his viol@he players
had performed together in various chamber musicggaosince
1992. They played selections from Hindemitiisla and Piano
Sonata No. 4 in F major Op.ldnd Piazzolla'd. e Grand Tango
In the experimental setup, there was only a onewodlaplayback
at the piano site, but the audio presence at thleswsite (in EEB)
was enhanced using the 10.2-channel immersive aledieloped
by Kyriakakis and Holman. To minimize the auditelecy, we
used a low-latency software for multichannel audiceaming
developed by Papadopoulos and Sinha. The softaltmeed us
to simulate any amount of latency during the penfamce by
simply introducing a digital delay in the audio garg from zero
to more than 300 ms. The results were extremelynming, and
we report the observations from this first experine

1) The latency tolerance is highly dependent orctteracteristics
of the piece of music and the instrumentation. &ample, the
first movement of the Hindemith sonata was slow esrdantic,

allowing greater latitude in synchronized playingThe final

movement, however, on many occasions require eg&cbto

synchronize sudden onsets after a pause. Therplayade do by
listening out for each other’s breathing cues,ibwas impossible
to replicate the results for a single-site perfamoea For the
Piazzolla piece (a fast paced tango), when Chewd ubke

synthesized accordion sound on the keyboard, theratde

latency was about 25 ms. When she played the s&ue pith a

synthesized piano sound the tolerance reached 190 frhis

could be due in part to the acoustic propertieghefsound as well
as her pre-disposition toward the piano.

2) Spatial sound reproduction seemed to make a diffggence
for Wilson who seemed a bit weary of the experimamiil we

added multi-channel sound to make him feel likewss on the
stage of a big hall. Hsieh noted early on in tkgegiment that the
acoustics were "unnatural". This was after onlfew bars of
playing together and by simply playing back onencted at each
end (the piano and the viola). He said that thems no sound
coming from behind him and that made it sound "likevoid".

This is exactly the same result that was founchliterature in
the 70's in which musicians wanted to hear mudieated from

behind them (as it would from the back wall of gtage). We
then used Virtual Microphones to recreate the c&dle signal in
the surround channels and this immediately had féecteon

Wilson's acceptability of the situation. After auple of tries we
balanced it just right and he seemed to reallytbe @ play more
naturally after that.

3) Hsieh also recommended that different acoustisrenments

be generated at different sites. According to Hi@ne of the

things that musicians try to do is deal with théedéences in

acoustics from on stage and from the audiencer’sbme pieces,
it would be good for the performers to have a vetynate sound,
while for the audience it would be desirable tothetacoustics of
a big hall.

4) The perception and effect of latency and heheeeperience
is quite different at the two sites. To propertgtave a DIP
experiment, the experience needs to be documenhesth of the
different sites. Due to the sequential natureroét what arrives
late at site A did not sound late at site B. %0,example, when
the pianist anticipates and is in sync with thdisis playing, she
is heard as being late to the violist. In ordertfe playing to be
synchronized at the violist's site, the pianistuatly has to play
before the beat, which is precisely what a timpamas to do in an

orchestra, guided by the conductor. In the motienate setting

of a small ensemble, there is greater autonomy leeay for

spontaneous interaction. It still remains to bensthe degree to
which a distributed immersive environment can bgleged for a

small ensemble such as a piano trio or jazz quartet

We collected and recorded performance sections véoious
delays and different pieces and will be analyzingse for some
further observations. Musicians can adapt to warydelays
depending on the piece and it will take a fair Hif
experimentation to determine a generalizable rarigecceptable
delays.

4.2 DIP Experiment 2: Remote Master Class
(Audio and Video)

Another DIP experiment was a remote master claggrérent
shown in Figure 5. On January 19, 2003, Ron Lehnar
renowned cellist from the Los Angeles Philharmonigo has
taught at the Eastman School of Music, came tdPihwell Hall
of Engineering and conducted master classes wiitiests from
the New World Symphony for three hours. In thetpas had to
fly to Miami to conduct such master classes.

We used off-the-shelf video hardware/software (Stalley
MPEG2 codecs) and virtual microphone techniquesdovert
(spatialize) two channel audio coming from Miami 1id.2
channels. In this experiment, we used spot miaoph very
close to the musicians at each venue to minimize abdio
acquisition latency. The virtual microphone altfums then
synthesize the signals that would have been redarde larger
concert hall.

Combining the Kyriakakis’ virtual microphone techogy with

the life-size picture had a created a high degfegresence. In
fact, when the projector was turned off for thet 45 minutes
(due to overheating) and the picture was put omallsmonitor
Leonard immediately commented on two things: (i)theught
Kyriakakis had turned up the volume on the sounki¢iv he did
not); and (ii) he no longer felt like the studergsw’really there".

A common practice in musical instruction is for tteacher to
play with the student to demonstrate an interpiatatf the piece.
The ability to do this was limited more by the vdadeodec latency
rather than the cross-country network latency.

4.3 DIP Experiment 3: Two-Way |Interactive
Duet (Audio and Video)

A third Distributed Immersive Performance experiinemas
conducted in June 2003, this time with an audien@mne of



Figure 6: The two sites of a Distributed ImmersRerformance
on USC’s campus, June 2003.

the musician sites. The occasion was a demornmirdtr a
National Science Foundation site visit as partM8C’s annual
evaluations by NSF. The DIP concept was demoestnatth two
musicians playing a tango together while physichfyng present

in two different locations. The photo in Figure épitts Dennis
Thurmond (accordion) from USC's Thornton Schodloisic and
Elaine Chew (piano, remotely on screen) perforntoggetherLe

Grand Tangdy Piazzolla.

Elaine Chew played the piano in USC’'s Ramo Hall idftle
Dennis Thurmond played the accordion in front &f #udience at
the Powell Hall of Engineering (PHE 106). Thurmoamd the
audience could see Chew on a large screen whilev@eved
Thurmond on a 20” PC monitor. At the audience, Sthew'’s
playing was rendered using 10.2 channel immersiwdioaand
Thurmond'’s accordion sounds were captured usingceophone
placed close to the accordion and behind the speake bypass
the need for echo cancellation at the piano siteewCwore a
headpiece in one ear to hear Thurmond’'s playinghe Two
locations are separated by approximately one quanie on the
USC campus, and were connected by the shared 1Qfs Mb
commodity campus Ethernet. Other than the sppoiibcols and
error correction techniques that we describe inl#tier part of
this section, no special network arrangements weee.

The duo performed an eight minute adaptation ofZida’s Le
Grand Tango The piece was selected again because it was
particularly challenging. The piece was fast-paaed filled with
syncopations (off-beats). It required many expressiuances
and tradeoffs in leading the beat. Hence, it gtedia good test
case to explore the feasibility of distributed periances.

At 120 beats per minute (quarter note = 120 bprd)@ogressing
at a steady sixteenth note clip, events would hagpevery 125
ms. At this pace, even a roundtrip latency of 69 could be
debilitating. The musicians compensated by ardiaig each
other's actions and scaling back on the degreepohtaneity.

Various checkpoints were agreed upon prior to #ropmance in
order to anchor the synchrony. According to Chy, the time

| heard the reaction to an action | initiated, mangre notes
would already have had to been played. | had aét er musical
interpretation and hold a steady pulse while kegjpim ear out for
delayed cues of possible ensemble issues at Powshnis, on
the other hand, had to anticipate my every movedke sure that
the piece would be synchronized at the audieneetsitreate a
coherent performance. Once or twice during thénterginute

piece, a little creative license was taken to emghat all ends
were met.”

The technical details of this setup were as followsvo channels
of uncompressed, low latency audio were streamédelea the
two locations (16-bit PCM, 48,000 samples per sdtonThe
buffers were configured with approximately 18 rsi#iconds of
latency (Soundblaster Live sound cards with ALSAehs under
Linux). Feedback and echo were controlled withigiodis
microphone and speaker placement in PHE 106 ampthees for
Elaine in RHM 106. Video streaming was performeihw
Zimmermann and Desai’'s live streaming software acdkieved
NTSC quality (853x480 pixels at 29.97 frames perosd) by
capturing DV compressed video from two Canon MiniDV
camcorders. The camcorders were connected toptoaéssor
(Xeon 2.6 GHz) Linux computers via Firewire (IEEB9%). The
data was then packetized and streamed over the usari
network to the second location of the performarieach video
stream required 31 Mb/s of bandwidth. At the reicgj end, the
compressed DV video was re-sequenced, decoded ispldyedd
with a software DV decoder on the local screen. Wed the
16x9 and progressive modes of the Canon XL1S camdRdM



106 to achieve a pleasant viewing experience on 16r9
projector screen in PHE 106, where the audienceloeged as
well. To reduce video artifacts produced by netwpacket loss,
missing packets were replaced rather than droppécach video
frame was kept equi-sized with 250 packets eacheréefore,
missing packets affected only a single frame (axprately 33
ms) and do not cause any synchronization problénasigh error
propagation. The end-to-end delay measured with sktup

(camera to display) was between 120 to 130 millinds one way.

Interestingly, it proved to be distracting for therformers when
the audio latency was increased to match the \iateocy. They
preferred a short audio latency and therefore ttieavbeing out-
of-sync with the sound. The short audio latency wansidered
more critical for picking up aural cues between pesformers
than the video-sound synchronization

5. TECHNICAL CHALLENGESAND
APPROACH

We describe here details of the technical challergé®istributed
Immersive Performance (DIP).

5.1 DIP Server, Network and Client

Components

Figure 7 shows a block diagramafe unidirectional connection
in both the RMI and DIP systems. Shown at the déffigure 7
are server (acquisition) hardware, including an biDFireWire
DV camera and recorder. The uncompressed digidabvoutput
rates of an HD and FireWire camera are 1.5 Gbpsuanih 400
Mbps respectively. This data is compressed dowiO®Mbps or
less for most applications. (For comparison, bt the data

rate of broadcast HDTV is 20 Mbps, and DVD video i

approximately 4 Mbps). The problem with compressfogreatly
increased latency due to buffers that hold sevienates of video
(the delay between each frame is approximately 33. min
unidirectional applications, this processing latetg irrelevant,
but for DIP interactive applications, compressioithweduced
latency or minimal compression may be requiredxte®n or
more channels of audio are acquired simultaneoustl the
video and transmitted over a high-speed network.

A general network with 100 Mbps and 1 Gbps bandwiit

shown at the bottom center. Items shaded at theceéater are
recording, storage and retrieval (server) hardvlziemay be part
of the local data sources or placed elsewhere aeta@ork. A

novel continuous media server architecture call¥tha

(described later) capable of scalable storage emigtval of many
synchronized streams of data in any format. Fadirgctional

experiments such as RMI, we first record the pnogeantent off-
line and stream it later from the Yima server.

The client (rendering) site shown at the right nimy a long
distance away from the other sites. Video from tework
drives HD projectors whose output is displayed orlagye
perforated screen located in an acoustically isdlabom. Audio
from the network is mixed down to 10.2 channels alayed
through a speaker system surrounding the partitsp@). The
speakers in the room are located to the left, cemtd right of the
screen, and at the sides and rear of the room.38B&immersive
audio field must be precisely synchronized withfeo, and the
system architecture incorporates these capabilitiestted lines
connect additional equipment (another

autostereoscopic display) needed for future stefideo. To
completely interconned¥l DIP sites, Rl sets of similar hardware
are needed.

Server Server Client
(Acquisition) (Storage/Retrieval) (Rendering)
o 2
..... | stereo video ‘9 ‘Q ‘9 stereo video ° N |
Gamera ‘ Y / @ l Projecor

©
Autosteroscopic display Projector
High Definition or Digital Video render

b

= Synchronized storage
and retrieval of
multiple streams

VIR

Camera

High Definition or Digital Video capture

10.2 channels;
HRTF model,
state-space
model, etc.

I 100 Mbis andor 1 Gbls Ethernet

High-speed network:
* IP based

« RTP, RTSP protocols
* Internet 2

Network

LY,

O

Multichannel immersive audio render

Multichannel immersive audio capture

Figure 7: Fully-populated Distributed Immersive f8emance
(DIP) server, network and client components for iagle

unidirectional connection. The shaded items atefteare audio-
video acquisition hardware for real-time interfacea general
network, shown at the bottom center. Items shaatethe top
center are recording, storage and retrieval ham@at may be
part of the local data source or placed elsewhera metwork.
The client (rendering) site shown at the right nimy a long
distance away from the other sites. Dotted lir@mect optional
equipment needed for stereo video. Two sets ofaifmardware
are needed for a full bidirectional connection keswtwo sites.

5.2 Low Latency Real-Time Continuous
Media (CM) Stream Transmission and

Network Protocols

DIP poses many unigue networking challenges. ditiad to the
high-bandwidth consumed by HD video and multiplaratels of
audio, DIP requires very low latency, precise syanfzation and
smooth, uninterrupted data flow and among many anstteams
in order to achieve a realistic immersive expergeft5]-[18].
The single greatest limiting factor for human iatgion in this
immersive environment is theffective transmission latency
(delay). Typical latencies for the participants are shawkigure
3. Traditional video and audio compression hasnbesed to
overcome bandwidth limitations of network transraes at the
expense of greatly increased delay. In DIP aneératfteractive
applications, the delay due to compression maynbaerable,
requiring the use of high bandwidth networks tongrait
uncompressed (or minimally compressed) audio adeéovidata
[15]-[18].  Initial experiments have shown that rimxm
allowable latencies range from tens of to one headr
milliseconds at most depending on the experimecdalditions
and content.

The latency in sending acquired data through a oréhnvolves
packetization, unavoidable propagation delays duée physical
speed of data transmission) queuing at each hopruessing at
each hop. Our focus is on approaches to reducieging delays
as well as on reducing the number of hops takésjsta difficult
problem as we work with best-effort networks havihighly
varying and unpredictable traffic patterns. Thetpecol stack has

camera and ana relatively low delay already, and processing yiekre difficult



to control, as we do not own the routers in theesthdnternet2
environment.

We have assembled a test system with Linux PCsngrisDP/IP

and over a commodity 100BaseT network, sound cardplifiers,
microphones and speakers. We performed severgl reeent
experiments to determine latency effects on permees with
two distributed musicians. The latency in the clens precisely
controlled from 3 ms to 500 ms, corresponding & ri|ximum
round-trip-time (RTT) in the Internet. The commeation was
full duplex and the streaming software was custarttem. We

found that he latency tolerance is highly dependerthe piece of
music and the instruments involved. For the testce by
Piazzolla, the tolerable latency using a synthésaeordion was
about 25 ms, which increased to 100 ms with a ggitld piano.
We observed that musicians can adapt to some t#vehrying

delays depending on the piece, and that spatialersirre audio
reproduction made a huge difference in musicianfodniby re-

creating the acoustics of a large performance hall.

5.3 Precise Timing: Synchronization Using
GPSor CDMA Clocks

Precise timing and synchronization of the many rogeneous
interactive streams of audio and video as it isi@ed, processed
and sent through a shared network to its destimatiaequired.
This implies that the latency between players rbesiaintained
within some bounds despite the variability preserihe network.

In addition, musicians cannot rely on their locdbcks to

maintain synchronization over the entire perfornearvehich may
last hours, due to clock drift. We are developgeyeral new
transmission protocols and low-latency bufferingesoes to meet
these challenges. Our solution is the use of gnsignals from
the Global Positioning Satellite (GPS) system, Wwhccapable of
maintaining synchronization among distributed ckakith an

accuracy of 10 microseconds or better. CDMA cédibome

transmitter sites broadcast time signals with simélccuracy that
are synchronized to GPS. Either GPS or CDMA siymady be
used depending the available signal level at anisitipn (server)

or rendering (client) site. In general purpose P@serating

system delays can reach up to tens of millisecomtigch has a
strong impact on the capture side, where data sitigni and

timestamping occurs, and on the playback side. @proach is
to use real-time extensions to the operating systeom dedicated
real-time operating systems. We are developingrieces to

realign streams accurately to maintain synchroiuimatith clock

drift. During realignment, streams may be trundate padded,
and this must be done using interpolation, or reépgagrevious

frames without introducing artifacts in playback.

5.4 Datal oss Management: Error
Concealment, Forward Error Correction

(FEC), Retransmission

High fidelity reproduction and accurate synchrotiaarequire a
high fidelity signal, free of loss and jitter acsoall participants,
regardless of network conditions. Packet lossiévitable in the
Internet, and strict latency requirements seveliatjt flexibility
in error recovery. We are investigating sever@rahtives to this
problem. Error concealment may be used in casesewtetwork
loss is sporadic without additional network ovexheaVe have
developed multi-channel error concealment techrsqusing
substitution and stitching that run in real-timedaasult in nearly
imperceptible error concealment [19]. Forward eworrection

offers low latency, but is susceptible to burstslosTo mitigate
this problem, we pursue a multi-path streaming nieple, which
is a promising approach to reducing the length lodist loss [15].
This also requires investigation of the effects mtilti-path
streaming on latency characteristics.. Retransomnissiay incur
unacceptable latency, especially where large dis@nare
involved. Hybrid approaches and various blends bepossible,
but add complexity. Another barrier is packet Joskich can
contribute to delays (in addition to reducing fitlgl as for
example during the process of reconstructing lagrination.
Hence, characterization of loss characteristics awethodology
for dealing with such losses is an important aspéttis work.

5.5 Low Latency, Real-Time Video

Acquisition and Rendering

Standard compression techniques such as MPEG aigndd to

transmit video at reasonable resolution over lichilandwidth

networks. This is done at the expense of long&gs needed to
fill a buffer with many frames for intra-frame pessing. This
delay may be intolerable for real-time interactias in the DIP
scenario. With the increased bandwidth availablshiared local-
area and wide-area networks (such as Internet2arevexploring
different parts of the compression, quality anddveidth space to
find effective techniques for DIP video transmissioFor real-

time, interactive applications we are investigatingw low-

latency compression algorithms and new types oéwidameras
with high speed analog-to-digital (A/D) conversiamd a network,
SDI (serial digital interface) or FireWire inter&adhat outputs
video compressed within a single frame (JPEG) attime rates
(33 ms per frame). These cameras produce outpgreater than
30 frames per second at QSIF (320x240) resolutimh MTSC

(720x480) resolution. They are close to achiexBfgrames per
second at high-definition resolution (1920x1080).Current

standard desktop operating systems (e.g. Windows) ret

designed for such short acquisition and renderiglgys, and we
are developing new Linux operating system modiitces with

reduced latency.

5.6 Low Latency, High-Quality, Real-Time

Immersive Audio Acquisition and Rendering
For accurate reproduction of audio with full fidgli dynamic
range and directionality, immersive audio requirgke
transmission and recording 16 or more channels wdioa
information, followed by processing and renderigchannels of
audio at the client site [20]-[23]. Accurate sphteproduction of
sound relative to visual images is essential foP,Dé.g., in
rendering musical instruments being played or gesia voice.
Even a slight mismatch between the aurally-perceiand
visually-observed positions of a sound causes anitog
dissonance that can destroy the carefully-plannsgpension of
disbelief [20],[22]. To minimize latency, we arewtloping new
audio acquisition methods that: place microphor&y ¢lose to
the participants (a few meters) and reduce theograldigital
conversion, packetizing and transmission time $¢3 kan 10 ms.
Current standard recording techniques place miaoeh at a
longer distance to the performers such that thelerhlacoustics
of, for example, a concert hall are captured initaafd to the
direct sound from the instruments. We are workorg new
virtual microphone techniques to recreate the a@msst the
client with low latency [24].



Even with minimum delays in video and audio datquésition,
existing standard desktop operating systems (eigddWs) are
not designed for short acquisition and renderingpyde As
described previously, we are developing new Linyperating
system modifications that provide a reduction imnke¢ latency.
One expected result of our work is to demonstréeuigh
subjective evaluation that the realism of immersimreases with
the video fidelity and number of audio channels.

5.7 Real-time ContinuousMedia (CM)
Stream Recording, Storage, Playback

The recording, archiving and playback of perfornencis
essential. This requires a multi-channel, multdadorecording
system that can store a distributed performancetémeeal-time,
as it occurs. Ideally, such a system would allemai playback
the event with a delay that can range from verytsioovery long.
For example, an audience member who tunes intofarpence a
few minutes late should be able to play it while tiecording is
still ongoing. Hence, the system should provideleast the
following functionalities: time-shifting of an everlive viewing
with flashbacks; querying of streams while recoggirand
skipping of breaks, etc. The challenge is to ptevieal-time
digital storage and playback of the many synchrehigtreams of
video and audio data from scalable, distributedressr The
servers require that resources are allocated antaimed such
that: (a) other streams are not affected (recordimgayback); (b)

resources such as disk bandwidth and memory ara use

efficiently; (c) recording is seamless with no hips or lost data;
and (d) synchronization between multiple, relatérkasns is
maintained [25]-[29].

Our earlier research in scalable real-time stregrairthitectures
resulted in the design, implementation and evanatf Yima

[25]-[29]. Yima is a second generation continuousdia server
that incorporates lessons learned from first geimgraresearch
prototypes and supports industry standards in obfibemat (e.g.,
MPEG-2, MPEG-4) and communication protocols (RTRERT
as well as experimental media types.

The Yima server is based on a scalable clusterguesiEach
cluster node is a off-the-shelf personal computéh wttached
storage devices and, for example, a Fast EtherndBigabit
Ethernet connection. The server software mandgesstorage
and network resources for DIP to provide real-tseevice to the
various clients that are requesting media stre@%is [It provides
storage and retrieval services for both HD vide®#B&-2 at 19.4
Mbps) and multi-channel immersive audio of up toch@nnels of
uncompressed PCM audio samples with
synchronization (a total of 10.8 Mbps).

The DIP media server is based on our new High-padace
Data Recording Architecture (HYDRA [27]) that extisnthe
capabilities of the Yima system to include realdinstream
recording (see Figure 8). For applications that requiire
streaming (i.e., the latency between the acquisitd the data
streams and their rendering in a remote locatiorbé®w a
fraction of a second) the data needs to be stameithe server in
real-time. Such a capability would enable digieadording, time-
shifted playback, editing, pause-and-resume, adeenent
insertions and more. These functionalities culyestist to some
degree in single-user, consumer personal videordecdPVR)
systems such as TiVo, ReplayTV, and UltimateTV. wideer,
these systems support only a single stream, aesmegldia type
and a single user at a time. We plan to generdlids

accurately

functionality in HYDRA as illustrated in Figure 8Specifically
we will provide support for many users and manyeatns
concurrently [27]. Assuming a HYDRA system suppattotal
number of N=n+m streams, any combination @f concurrent
retrievals andm writes should be possible.
include the design of a fine-grained locking medéiansuch that
the same stream can be read back after writing mitiimal delay.
In addition, the scheduling module of HYDRA serghiould be
modified to support both retrieval and write thread Write
threads may be assigned different priorities theadrthreads.
Similar to Yima, HYDRA supports the retrieval of madifferent
media
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types (e.g., MPEG-1, MPEG-2, MPEG-4, multi-chanaatio,
panoramic video) with various bandwidth requirersentThe
writing capabilities should be just as flexible angpport a variety
of different streams. For stored streams, flonticdmmechanisms
can be used to regulate the optimal data flow betwtee source
and the destination. With live stream acquisitio@ source must
be in complete control and the destination (rea)rdeist absorb
any variation that is provided in the data rate][29]. With
these extensions in place, HYDRA has the functipnakecessary
to support the proposed DIP experiments.

5.8 Human Factors Studies. Psychophysical,

Per ceptual, Artistic, Performance Evaluation

We are using the two-way interactive audio and wifimctions of
our experimental system described in Figures 4 frad a test
platform to measure the effects of variable lateriegdback and
echo cancellation algorithms, and various compoesand error
control techniques on the quantitative and perceiaedio and
video quality to human participants.
psychophysical measurements of these factors amatidn of
network bandwidth, compression level, noise, paldss, latency,

The challenges

We are making



etc. Algorithms for recognizing and tracking mustuctures will
also be used to quantify synchronization amongeptay These
methods will be used to define a metric and meaheeffects of
latency and presence on the music performance.
measurements are being done for various active passive
interaction scenarios, including distributed intéinee musical
performances with two, three or more participaats] for other
types of personal interaction (meetings, lectuets,). The goal
of these measurements is to supplement existing/liedige about
these fields and measure the comfort levels ofigiaaints and
musicians in two-way interaction. We also expltgre minimum
level of interaction needed between several musscidor
effective distributed collaboration, and developgieeering
metrics and parameters applicable to two-way icteaa
scenarios in general. We expect that some typesudical
interaction among the participants may have diffem@inimum
fidelity and latency needs. For example, the adton between
the musicians at the top of Figure 2 may have lofigglity
requirements but more stringent latency requireméehan the
interaction between the conductor and the musicians

5.9 Robust Integration Into a Seamless

Presentation to the Participants

This challenge is the integration of research smdtreas described
into an experimental testbed and demonstrationesyst Our
integrated approach is different from previous apphes and
uniquely considers the entire end-to-end procesacqtisition,
transmission and rendering as an complete systebre twintly
optimized, rather as a set of individual pieceseahnology. We
are integrating these technical developments intexaerimental
three-site DIP testbed and demonstration system fily
interconnected audio and video communication areraction
over networks. The system will test three-way riatéve
communications as a function of latency, bandwiddmpression
level, noise, packet loss, etc. Not all sites roag the same
quality of audio and video acquisition and rendgtiardware in a
given experiment. One possibility is the use ofvneetwork
protocols that transmit side information among\acparticipants
with extremely low-latency but low data rates fowusitian
synchronization, phrasing and coordination. Irs thay we test
the usability of the system to participants who nheaye lower
data rate connections. We will test minimum latenc
synchronized streaming of audio and video from twvomore
servers and make psychophysical measurements iednzigtive
and passive interaction scenarios. We will con@udistributed
musical performance experiments in two scenariagh three
active participants; and with two active particitsaand a passive
audience. These experiments will further improver o
understanding of the effects of fundamental comuwation limits
on distributed human interaction. We are undenigla complete
set of psychophysical and user-centered sciences temd
measurements for a variety of entertainment, gajgimgulation,
tele-conferencing, social gathering and performatemarios.

6. CONCLUSIONS

We expect the DIP project to serve as a testbednfany
engineering, psychoacoustical, neurological andtartissues. It
will create a forum in which electrical engineesgmputer
scientists, musicians and psychologists will wagdther in close
collaboration.

Our long term goal is the creation of seamless imive
distributed environments for any type of multi-uskeuman
interaction, including entertainment, education, miey,

Thesimulation, tele-conferencing, social gatherings] aerformance

events such as music, theater or sports. Thedieatpms require
the development and extension of high-speed nesatoriprovide
the audio and video quality and realism for immersnteraction.
Reducing delay is particularly important for intetiee

applications among many participants. The deploynoé high-

speed networks will help reduce the overall defayransmission
by simplifying the video compression and other algrrocessing
required. Future technology may include even loetency

audio and video, more realistic and immersive vid&rger

screens, panoramic or hemispherical displays, 3&¢g) video,
and increased resolution). Future efforts willoale directed at
archiving and re-playing the distributed immersixperience.
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