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Abstract

Voice conferencing has attracted interest as a nseful and viable first real-time application on
the Internet. This report describes NEVOT a network vojce terminal meant to support multiple
concurrent both two-party and multi-party conferences on top of a variety of transport protocols
and using audio encodings offering from vocoder to multi-channel CD quality. As it is to be
used as an experimental tool, it offers extensive configuration, trace and statistics options. The
design is kept modular so that additional audio encodings, transport and real-time protocols
as well as user interfaces can be added readily. In the first part, the report describes the X-
based graphical user interface, the configuration and operation. The second part describes the

individual components of NEVOT and compares alternate implementations. An appendix covers
the installation of NEVOT.

1 Introduction

Increased bandwidth and computational resources have made interactive voice and video commu-
nication between workstations across packet communication facilities feasible. Cooperative work,
teleconferencing [1] and simple one-to-one “videotelephones” (2, 3] are applications that have at-
tracted a large amount of implementation and research interest.

Transmitting voice and video across a packet-switched network offers a number of advantages
other the circuit-switched approach. First, we obtain all the well-known benefits of service inte-
gration, particularly important in a multi-media setting. Secondly, we may be able to achieve a
higher bandwidth utilization since voice and video do not always use their peak bandwidth (due to
silence periods and variable rate coding). Finally, because interleaving several associations tends to
be easier in a packet-switched network, control (signaling, to use the telephony term) can be more
sophisticated?.

Research in transmitting voice across a packet network dates back to the early ARPAnet days.
Cohen [4] refers to cross-continental packet voice experiments in 1974. According to [5], low-bit
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'Even narrowband ISDN uses the packet-switched D channel for signaling.
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rate voice conferences very carried out in 1976. The early ’80s saw experiments of transmitting
low-bitrate voice across mobile radio [6, 7] and satellite [8] packet channels. The first Internet
packet voice protocol was specified formally in 1977 [9], and a packet video standard followed in
1981 [10]. The CCITT standard G.PVNP [11] was published in 1989. Packet audio/video should
be set apart from the approach to voice/data integration that provides fixed-bandwidth circuits on
multiple access networks [12, 13].

Interest in packet audio has increased recently as more and more workstations now come equip-
ped with built-in toll-quality (Sun SPARCstations, DEC workstations) or CD-quality (N eXt) audio
hardware support. There exist a fair number of simple programs that utilize the SPARCstation
audio hardware to communicate between two workstation on a local net, for example vtalk (Miron
Cuperman, OKI) or PhoneTalk (Patrik Nises and Joakim Wettby, Royal Institute of Technology,
Stockholm). Programs designed for multiple-party connections across wide-area networks include
VT [1] and vat (Van Jacobsen and Steve McCanne, LBL). A number of commercial products use
medium-bitrate packet voice to more effectively utilize leased private lines, extending the concept
of the traditional data-only multiplexer [14]. System implementations of packet voice terminals are
described in [5, 18, 19]. Packet radio experiments are featured in [20). Surveys on packet voice
performance are presented in [18).

Numerous other voice/data integration schemes have been studied, usually combining a circuit-
switched path for voice and a packet-switched path for data, possibly with bandwidth traded
between the two. Examples include [21]. Economic studies comparing alternative network strategies
were performed by Gitman and Frank [22].

This report describes NEVOT and is divided into three major parts. The first part, Section 2,
describes the facilities of NEVOT and how to use them, principally through the graphical user inter-
face. The second part then delves into the internals, laying out the methods used and comparing
some implementation choices. Finally, an appendix provides some hints on installing NEVOT.

2 The Network Voice Terminal (NE\;'OT) — User’s Guide

NevoT (“NEtwork VOice Terminal”) is a tool to support audio conferences across local and wide
area networks, including the Internet. It supports multiple simultaneous conferences and a variety
of standard and experimental network protocols, including ST-II [23], IP multicast [24, 25, 26) [27,
P- 281f] and TCP. It is meant to serve several purposes:

e as a demonstration tool for Internet audio conferences,

* as a measurement tool to investigate traffic patterns and losses in packet voice applications
across wide-area networks,

* as a demonstration implementation of real-time services in a distinctly non-real-time operating
system (Unix)

as a traffic source to validate and evaluate resource allocation protocols and algorithms

as a platform for implementing conference control mechanisms

Extensive tracing and parameterization facilities as well as a modular architecture support experi-
ments in packet voice. The major features are summarized below.
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2.1 Features of Version 0.95

Features anticipated for versions released shortly are also listed, but so indicated. Due to operating

system or hardware support, a few features are platform-specific. A symbol is used to mark the
corresponding platform.

o platforms:
- Sun SPARCstation¥

— Silicon Graphics 4D /30 and 4D/35 (Ind:igo)§
= Personal DECstation'[in preparation)

¢ audio protocols:

~ NVP-II (network voice protocol) as used by vat (Lawrence Berkeley Laboratory) and
vt (ISI)

— vat audio packet format
e transport protocols:

~ unicast UDP

— multicast UDP

- TCP

- sT-1n¥
* operation as gateway or end system
* compatible with vat session protocol

e user interfaces:

= XView (OpenLook)-

- Motif GUI

~ curses (for terminals with cursor positioning)
~ dumb terminal

e control:
~ initialization file
— command line arguments
— interactive

e several independent concurrent conferences, each with different encoding and compression
¢ DES-based voice encryption

¢ current audio encodings supported:

— 16 bit linear encoding, with all hardware-supported sample ratesS
= 64 kb/s G.711 p-law PCM
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32 kb/s G.721 ADPCMY

32 kb/s Intel/DVI ADPCM

— 24kb/s G.723 ADPCMT

4.8 kb/s LPC (linear-predictive coding) with setable vocoder interval

e dynamic change in audio encoding, with each site having different encodings (but the same
sample rate)

° one or multiple audio channels (i.e., mono or stereo)

* playback and recording of audio files (.au and AIFF/AIFC formats), with encoding translation
e extensive statistics and tracing facilities

e arbitrary voice packet length, which may differ for each site

o lost packet substitution

e setable audio buffer occupancy

e configurable adjustment mechanisms for playout delay, VU meter, silence detector and auto-
matic gain control

e redefinable session identifier string with variable substitution

Most commonly, NEVOT interacts with the user through the Open Look™ or MotifT™ graphical
user interface on X11-capable workstations. Another version with identical functionality, but a more
limited user interface, requires only cursor-addressable ASCII terminals supported by the curses
library. A fourth version is meant mostly for remote use and uses only terse sequential terminal
output to stdio. The command interface used to control the text versions is also available for the
XView and Motif versions.

Figure 1: The NEVOT icon

NEVOT may utilize the network services of unicast UDP, multicast UDP, TCP and ST-II |28, 23].
The source address option allows operation behind a UDP-level packet reflector, e.g., the simple
version written by the author. The packet reflector is used to allow a site running kernels without
multicast support to participate in multicast audio conferences. The packet reflector is executed
on a multicast-capable site, declares itself part of the multicast group and simply forwards every
packet arriving from the multicast group on a unicast UDP socket. The address where the voice
packet originated from (i.e., the source address) is prepended by the packet reflector as the first four
user data bytes of the packet. This is necessary for proper operation of the voice terminal, since
the TP source address of the UDP packet reaching the final destination contains the IP address of
the packet reflector rather than that of the speaker, while the actual source address is needed to
distinguish several audio streams coming from the same reflector.
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