
Cocktail Party on the Mobile

Kwan Hong Lee, Andrew Lippman
Viral Communications Group

MIT Media Lab
20 Ames St. Cambridge, MA 02139

f kwan,lipg@media.mit.edu

Thiago Santos
Embedded System and Pervasive Computing Lab

Federal University of Campina Grande
882 Apr·�gio Veloso St.

Bodocong·o, Campina Grande, Brazil
thiagoss@embedded.ufcg.edu.br

Abstract

We present the architecture, user interface and prototype
implementation of Fluid Voice, a proximity based mobile
group communication system for opportunistic social ex-
changes. It is designed for coordinating people in outdoor
settings, spreading news during emergency responses and
supporting impromptu social exchanges by exploiting the
inherent broadcast nature of wireless and mobility of peo-
ple. It supports diverse media: live audio, asynchronous
audio, text messages, audio messages, audio polls and wish
lists. In this paper, we focus on the audio support and
the design for intermittent connectivity characteristics of
mobile systems with limited range. Users can transition
from live to asynchronous audio communication in a �uid
manner depending on the wireless environment. When ev-
ery node is able to hear each other, the receiver mixes all
sources and provides the user with a �push to listen� inter-
face to �tune in� to who they want to listen to. When the
wireless channel is congested, it transitions to a �push to
talk� interface (without taking over the whole channel) to
reduce collisions while allowing people to barge in. When
nodes cannot hear each other, Fluid Voice caches content
for future delivery using a dynamic multi-stream mixer with
time shifting (Tivo) functionality. The system was proto-
typed on the Nokia N810’s for real world testing and we
discuss its technical and social limitations.

1 Introduction

In the 1950’s, Hoot and Holler [1] was a party line
telecommunication system that wired a community of junk-
yards in a local area. When a requested item was not found
in a junkyard, the owner could pick up the microphone
and reach out to other junkyards to �nd that missing item.
This provided a means to ful�ll unusual needs of customers

while bene�ting the business and the community of junk-
yards.

The party line evolved as a social utility for curious late
night eavesdroppers[6], overzealous gossipers as well as
important emergency dispatchers. This genre of communi-
cation is de�ned as emergent multi-party communications.
Several of today’s applications fall into this category includ-
ing instant messaging chat rooms for teenagers and con-
ferencing bridges for corporate businessmen. When a time
sensitive information needs to be communicated to a group,
the communal party line broadcast system can serve as a
means to spread information ef�ciently.

In the 1990s, Family Radio Service (FRS) radios were
authorized in the US to allow any user cluster to commu-
nicate without infrastructure. Citizen’s Band (CB) radios
were used by truck drivers in the 1970s to notify others
about road hazards and speed traps[13]. CB radios enabled
a cooperative social culture on the highways for friendly
conversations in addition to providing road assistance and
accident prevention among the drivers. As cell phones and
multi-band WiFi enabled cell phones are becoming ubiqui-
tous in the 21st century, an exciting opportunity arises for
supporting opportunistic social collaboration within a local
area.

According to In-Stat, by 2011, over 50 million sub-
scribers world wide will have WLAN capabilities on their
devices[5]. Yet, the main capability of such devices in-
volve traditional long haul voice communications and ac-
cess point based Internet services. Only a handful of works
propose system solutions for decentralized conferencing[2,
12].

As people become more mobile, it becomes more impor-
tant to ef�ciently seek information and spread relevant in-
formation using a many-to-many communications system.
Current phone systems are inherently designed for point to
point communications. In setting up a conference bridge for
many-to-many communications, signi�cant effort is needed
at a higher layer to setup a many-to-many communications
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channel. A conference bridge needs to be provisioned. Peo-
ple have to send e-mails to communicate the time and the
bridge number to dial into.

Fluid Voice addresses the many to many communica-
tions challenges in a disruption tolerant network (DTN)
environment. Many to many communications has been
explored extensively on the Internet[8], mediated audio
environments[15] and publish/subscribe systems[9]. [12]
describes how context of location and situation could be
used to help family members be connected via light weight
communications. In contrast, Fluid Voice focuses on ef-
fortless communication and awareness among users in geo-
graphic proximity regardless of connectivity conditions[4].

Fluid Voice provides an underlying architecture and a so-
cial interface with multiple communication media to pro-
mote interaction amongst users in physical proximity. The
system works in both ad hoc network and access point mode
to reach a larger proximity area.

In this paper, we focus on the architecture of the sys-
tem and more speci�cally on the dynamic mixer system that
supports live and archived audio with time shifting func-
tionality (Tivo). We have implemented a prototype on the
Nokia N810 Internet Tablets that support WiFi. The multi-
stream mixer can support up to 12 streams on the limited
N810 mobile device. The �push to listen� user interface al-
lows you to control multiple audio streams and choose what
you want to listen to (Figure 1). There are three modes
of audio handling to adapt to the wireless conditions. It
transitions from �push to listen� to �push to talk� to asyn-
chronous messaging as wireless channel degrades. Fluid
Voice’s �push to talk� permits full duplex audio for multi-
ple users depending on channel conditions instead of a sin-
gle user taking over the whole channel.

Fluid Voice is designed to support many to many com-
munications in an unplanned, opportunistic communica-
tions environment with intermittent connectivity and mo-
bility. In Section 2, we illustrate communication scenar-
ios that current systems have dif�culty accommodating and
pose Fluid Voice as an alternative solution. The social user
interface is described in Section 3 with the design for adjust-
ing to the wireless environment. In Section 4, we present the
architecture of the current Fluid Voice system and its imple-
mentation. We conclude with discussion and future work.

2 Problem

Fluid Voice is useful in several scenarios where current
systems are not �exible to facilitate an optimum user expe-
rience.

2.1 Commuters

During commuting hours, accidents, road constructions
and bad weather can cause unforseen traf�c jams. Fluid
Voice like system may allow the neighboring cars to notify
each other about the cause of traf�c on the road and help
people sense what is happening in front of them. People
traveling in the opposite direction might be able to assess
the situation and inform those who are waiting on the traf�c.

2.2 Group Outings

The Fluid Voice system helps family members and
friends to keep in touch with each other while allowing
opportunistic interactions with neighbors and merchants in
proximity. Traditional point to point communication sys-
tems requires explicit planning and setup of group com-
munications. Family radio service (FRS) allows groups to
communicate but only allow one person to talk at a time
making it dif�cult to maintain background awareness. In
Fluid Voice, CSMA based channel access allows multi-
ple people to talk at the same time. The multi-stream au-
dio mixer at the terminal allows one to listen to multiple
conversations including opportunistic audio broadcasts that
may contain advertisements, coupons from merchants and
neighbors offering what one might wish to purchase.

2.3 Social Networking

The college campus is a rich place for interaction. Es-
pecially when freshmen start their college life, they meet
many different people, participate in many different social
events, attend classes and extracurricular activities. In or-
der to manage this, mailing lists are created, but also peo-
ple have to manually record the interactions they had on
their cell phones. Fluid Voice allows such group detection
to be automatically performed by detecting proximity inter-
actions and maintaining a history. If persistent encounters
happen over time, they are automatically grouped and ad-
dressable by the group.

2.4 Emergency Response

Tens of thousands of people had to be evacuated and res-
cued over the weeks of Katrina land fall. �Almost three
million customer phone lines were knocked out, telephone
switching centers were seriously damaged, and 1,477 cell
towers were incapacitated. Most of the radio stations and
many television stations in the New Orleans area were
knocked off the air.�[18] After the hurricane hit, 1300 peo-
ple died and 6,500 had to be rescued over the next few days
by various airborne and ground rescue teams. In a matter of
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days various wireless radios and satellite based communica-
tion systems were put into place to restore two way commu-
nications in the area. However, during those few days, the
civilians were not provided with any means to communi-
cate. If Fluid Voice capability existed on civilians’ devices,
civilians could have helped themselves when in proximity.

3 Related Works

Previous work on voice over 802.11 have been for point
to point communications. Fluid Voice introduces interesting
issues of utilizing unreliable broadcast for many to many
communications. Muti-stream support, mobile ad hoc op-
eration and persistence provide utilities for opportunistic in-
teractions in an unreliable network.

Fluid Voice implements single hop live audio, while
messaging is supported multi-hop via �store and forward�.
Experiments over 802.11 multihop show quality degrada-
tion of voice beyond 3 hops[7]. Implementation of Fluid
Voice on the N810’s show limitations in terms of range
(� 25 m indoors,� 50 m outdoors). These results show
shortcomings of supporting voice applications over current
mobile devices.

There has been numerous work related to DTN
and investigating the role of social networks in mobile
contexts[14][11][10]. Most work has been simulations. Our
work speci�cally focuses on system architecture, user inter-
face and implementation to intermix live and asynchronous
content in DTN environment.

4 User Interface

Managing dynamic number of users in various connec-
tivity conditions and managing many types of messages
from a mobile device is the key challenge to the Fluid Voice
UI. Key features of the UI present ways to handle commu-
nication with changing wireless link quality.

4.1 Push to Listen

The Fluid Voice UI helps the user manage multiple users
on the mobile interface. We named it �push to listen� in-
terface because it allows the user to decide who they want
to �tune in� to rather than deciding when they want to talk.
In Fluid Voice, the users are visualized by the circles in-
spired by The Talking in Circles[3] interface for managing
and visualizing multi party conversations. The colors (Fig-
ure 1) indicate whether they are talking or not. The interface
attempts to provide the user with an intuitive view on the
presence status of one’s neighbors and their activity level.

Each packet is buffered by their synchronization source
(SSRC) number and only those streams that the user wants

to listen to are mixed for playback. As the number of users
increase, the broadcast channel incurs more loss with in-
crease in jitter. The best solution in a wireless broadcast net-
work is to signal to the other nodes that some nodes should
be silenced if possible. With a �push to listen� interface,
the nodes can know whether they are being listened to or
not and can automatically silence to save power and band-
width if nobody is listening.

The UI also helps manage multiple types of messages.
Figure 1 shows icons for users, groups and different types of
messages. Each type of message is constructed from a new
screen after you press the �Messages� button on the left bot-
tom. Text based communication would be viewable through
a new dialog. Audio related messages will be played back
as you push the item to the listening area. There are three
layers for arranging users and audio messages. Loud layer,
Quiet layer (background) and Mute layer which are the top
three layers in Figure 1. The UI also supports stereo audio
panning by allowing the user to move the objects to the left
and right sides to separate them in the audio space.

Fluid Voice is designed for many people to be talking or
streaming. The Conference layer speci�cally allows one to
archive audio for nodes that might drop out. When someone
moves out of range while involved in a group talk, remain-
ing nodes would detect that it disappeared and archive the
remaining audio conversation for future delivery.

Due to time varying link quality of wireless, it will often
happen that one will experience bad reception. If reception
quality falls below 85% it is dif�cult for the listener to un-
derstand what one is speaking. The �rst reaction to amelio-
rating is that the system transitions to �push to talk� mode
so that not every node is talking. The �Push to Talk� button
(Figure 1) is activated when this happens.

4.2 Push to Talk

When in push to talk mode, people talk by toggling the
�Push to Talk� button (Figure 1). However, unlike tradi-
tional push to talk, Fluid Voice’s push to talk allows multi-
ple people to speak. Therefore it allows other nodes to be
aware and �barge in�. The cooperation through social me-
diation allows better usage of the limited broadcast channel,
allowing people to cooperate in sharing scarce bandwidth.

4.3 Asynchronous Delivery

Ebling et al.[4] presents the importance of translucence
in communications when accessing network resources. We
expand on this principle and provide a solution for infras-
tructure free group communication system that keeps the
user aware of neighboring connectivity. While the users are
in proximity for conferencing, they can communicate via
live audio. However, once a node moves out of range or
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Figure 1. Fluid Voice user interface

when the wireless channel quality degrades, the users transi-
tion to of�ine, the neighbors realize that a node has dropped
out of range and stores the audio for that node for future
delivery. Such interface is awkward for one on one conver-
sation, but very natural for group conversations where users
are expected to drop out.

4.4 Issues with Multi User Conference

From the experiments of Somewire[16] it was concluded
that it was important to know who is in the conference and
to know who is listening to the user. However, the setting
for Somewire system was in an of�ce environment where
people would be wanting privacy. Fluid Voice, on the other
hand is for scenarios where people want to openly broad-
cast and where people are willing to tune in to what is being
shared in the physical community. In the case of Somewire
it was concluded that the visual user interface has complex-
ities in terms of the user’s ability to control and con�g-
ure the audio space, but the visual interface of Fluid Voice
was considered quite intuitive by the users. Ability to see
who could be potentially listening in and to easily browse
through different audio sources was considered quite intu-
itive by the users. It was also important to have a clear indi-
cator whether the microphone is muted so that there would
be no accidental broadcasting of live audio when the user
explicitly does not want to be heard.

Figure 2. Fluid Voice terminal architecture

5 Architecture and Implementation

In this section, we describe the edge based architecture
of Fluid Voice. Instead of the traditional thinking of having
voice communication based on point to point connections,
it is designed based on open broadcast with cooperation by
other nodes. All content is pushed and the user decides what
they want to tune in and listen to, like your radio and TV.
The major enhancement is being able to manage simultane-
ous listening of multiple sources and the ability to manage
intermittent connectiviy.

5.1 Fluid Voice Terminal

The Fluid Voice incorporates the functionality of infras-
tructure at the terminal. Presence advertisement happens
directly among nodes in proximity. On demand audio mix-
ing is done at the end points to intermix live and archived
streams for on-demand playback. Text, audio, poll, and
wish list messages are propagated by the peers in �store and
forward� manner.

The architecture is very modular as is illustrated in Fig-
ure 2. The modules are grouped into related services.
The Middleware engine interlinks different modules using
events. The Memento module is for logging user interac-
tions. The various Resource modules are used to log wire-
less APs for location tracking, battery for power consump-
tion and DB for logging messaging interactions. In this pa-
per we focus on the audio handling aspects of the system.

Fluid Voice is prototyped as a software running on a
Linux based Internet handheld. Our software is imple-
mented in Python, C and Flash. Flash is used for the user in-
terface. Python is used for the middleware that handles net-
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