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Sophisticated applications of Internet multimediaconferencing will becomeincreas-
ingly important only if their users will. perceive the quality of the communications as
sufficiently good. The result of extensive experiments has shown that audio is frequently
perceived as one of the most important components of multimedia communications.
Unfortunately, theactual architecture of thelnternetisnot agood environment for real-time
audio communications, sincevery hightransmission delay and transmission delay variance
(knownasjitter) may beexperienced that impair human conversations. Hence, intheabsence
of network support to provide guarantees of quality to users of Internet voice software, an
alternativeto copingwith problemscaused by delay and delay jitter istouseadaptivecontrol
mechanisms. These mechanismsare based on theideaof using avoi cereconstruction buffer
at thereceiver in order to add artificial delay to the audio stream to smooth out thejitter. In
this chapter, we describe three different control mechanisms that are able to dynamically
adapt the audio application to the network conditions so asto minimize theimpact of delay
jitter (and packet loss). Wealso present aset of performance resultswe have gathered from
an extensive experimentation with an Internet audio tool we have designed and devel oped
in order to conduct voice-based audio conversations over the Internet.
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INTRODUCTION

Thevalueof integrating real-timeandtraditional dataservicesontoacommon network
is well known. Telecommunication companies have proposed ATM as a standard for
upgrading the Internet to provide both real-time and data services. In contrast, it has been
empirically demonstrated that real-time multimediaservices may be added totraditional 1P
networks that were originally designed for data transmission only. However, since the |IP
community hasnot considered the provision of Quality of Serviceguaranteeswith thesame
intensity asthe ATM community, the current Internet servicemodel offersaflat, classless,
best-effort servicetoitsusers. Thisisnot agood environment for real-time audio transmis-
sions since the delay between the arrival of subsequent packets becomes dependent on the
traffic condition of the network. It isacommon experience that very high packet delay and
packet delay variance (known asjitter) may be experienced over many congested Internet
links. Asaconsequence, audio packet | osspercentages, dueto theeffectivel ossand damage
of packets as.well as belated arrivals, may be very large. Unfortunately, user studies
demonstrate that, among the many possible metrics that influence the user perception of
audio, probably the most important factors that disrupt the user perception of audio are
represented by the packet audio playout delay and the packet loss rate.

With the term playout delay, we refer to the total amount of timethat is experienced
by theaudio packetsof agiventalkspurt fromtheinstant they aregenerated at the sourceand
theinstant they areplayed out at the destination. Summarizing, suchaplayout delay consists
of: i) the collection time needed for the transmitter to collect audio samples and to prepare
themfor transmission, ii) thetransmission timeneeded for thetransmission of audio packets
from the source to the destinati on over the underlying transport network, and finally iii) the
bufferingtime, thatistheamount of timethat apacket spendsqueuedinthedestination buffer
before it is.played out. Thus, in the absence of network support to provide guarantees of
quality.to usersof Internet voicesoftware, aninteresting alternativeto copingwith problems
caused by jitter and high packet lossisto use adaptive control mechanisms. Typically, these
mechani smsarebased ontheideato useavoicereconstruction buffer at thereceiverinorder
to add artificial delay to the audio stream to smooth out thejitter. Clearly, the longer the
scheduled playout delay, themorelikely itisthat an audio packet will arriveat thedestination
before its scheduled playout deadline has expired. However, too long playout delays can
significantly impair human interactive conversations.

In thischapter, we will-describe the most characterizing features of anumber of those
control mechanisms that try'to dynamically adapt the audio application to the network
conditions so asto minimize theimpact of delay jitter and packet loss. Wewill report, also,
onaset of performanceresultswe have gathered from an extensive experimentation with an
Internet audio tool wehave designed and devel oped in order to conduct unicast, voice-based
audio conversations over the Internet.

Theremainder of this chapter is organized asfollows. In the next section, we present
abrief overview on digital audio coding techniquesthat aims at describing the state of the
art of theaudio compression methodsfor human conversational speech. Inthethird section,
threeimportant algorithmsaredetail ed that aretypical ly used for transmitting human speech
over the Internet. In the fourth section, performance figures derived from several experi-
mentsarediscussed that illustrate the adequacy.of those mechani smsin transmitting speech
across the Internet. Finally, the conclusions complete the chapter in the last section.
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