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hapter Two Packetized Voice Overview 11

destination. To support the transport of digital voice data over this type
of network, the voice over IP device must take the voice data, encapsu-
late them into IP datagrams (packets), attach addressing information,
and forward them into the network.

<>

Sound Waves

Transport

Intermediate nodes within the network inspect the addressing informa-
tion attached to each of the IP datagrams and use that information to
forward the datagram to the next hop along the path to its destination.
The network links can be any topology or access method that supports IP
traffic.

IP-to-Data Conversion

<>

Sound Waves The destination voice over IP device receives the IP datagram and
processes it. In processing the datagram, the addressing and control
information is removed so that the original raw data remain. The raw
data are then presented to the voice decoding process.

Conversion from Data Back to Voice

The voice decoding process interprets the raw data generated by the

source station and runs them through the decoding function. The output

reproduce the from the decoding function is an analog signal resembling the original

ormat. voice signal received by the source station line feed.

In summary, the transport of voice traffic over an IP network requires

a conversion of the signal from analog to digital, packetization of the digi-

tal voice data, transport of the packetized information through the net-

work, de-packetization of the voice data, and conversion of the digital

\nother form of voice data back to an analog signal. This process is depicted in Figure 2-2.
setup physical
) and transmit
't form connec-

o. TP networks Voice over IP Basics

ms or packets.

each datagram The previous example only dealt with the base functionality required to
-hop toward its transport a voice signal across a simple data network. It lacked several
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Figure 2-2  Simplified voice over IP transport process.

functions that are required to build a simple voice over IP network.
The most basic are voice compression, phone number mapping, call-leg

' identification (peer establishment), and a protocol for the transport of
voice data.

| Voice Compression

In order to offset the overhead introduced by converting an analog signal
to digital and transporting it over a packet switched network, compres-
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Packetized Voice Overview 13

sion algorithms can be used to reduce the amount of voice data that is
transmitted over the packet switched network. Voice compression algo-
rithms operate on the digital signal created by the initial analog to digi-
tal conversion and reduce the amount of bandwidth consumed by the
voice signal by a factor of up to 8:1 or more. This reduction helps com-
pensate for the addressing information applied (IP, UDP, and RTP head-
ers) to the individual packets and allows for more voice calls to transit
links with limited bandwidth.

Phone Number Mapping

The simple VoIP example above assumed that each voice over IP device
would only transmit and receive calls from a single node. In more realis-
tic environments, VoIP devices are required to dynamically form connec-
tions with multiple devices. In the voice world, destinations are selected
using a dial string or phone number. In the IP world, destinations are
selected using IP addresses. To allow a VoIP router to communicate with
an array of other VoIP routers, a method of mapping the phone numbers
dialed by the telephone user to the IP addresses used by the routers is
required. This mapping can be performed statically within each router,
or dynamically using Domain Naming System (DNS). The planning of
connections and their associated phone numbers is called a dial plan.

Call Leg Identification

In order to properly identify, process, and forward voice calls, the router
divides calls into discrete segments, referred to as call legs. Once identi-
fied, the router can apply services specific to each call leg, including ter-
minating sessions.

Session Protocol

The Real Time Protocol (RTP) is a standardized way to transport voice and
video traffic over IP networks. RTP adapts connectionless IP traffic to sup-
port real-time traffic through providing timing, sequencing, and other con-
trol functions. RTP is defined by an Internet Engineering Task Force
(IETF) standard to ensure interoperability in multivendor environments.

Zoho Corp. and Zoho Corp. Pvt., Ltd.
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Chapter Two

Protocols
Real-Time Protocol/Real-Time Control Protocol

The Real-Time Protocol (RTP) and Real-Time Control Protocol (RTCP)
were created to transport real-time traffic, such as video and audio, over
the Internet and/or Internet Protocol-based networks. RTP is a session-
layer protocol that usually runs on top of UDP/IP and is defined in RFCs
1889 and 1890. UDP is the favored transport-layer protocol because its
connectionless nature enables its use in broadcast and multicast environ-
ments. RTP addresses some of the elements required for real-time traffic
which are missing from UDP, including sequence numbering and time
stamping. Sequence numbering enables the receiver to verify that data-
grams have been received in order and that intermediate datagrams were
not lost. Time stamping helps ensure proper playback rates regardless of
datagram arrival times. Additionally, a payload-type field helps the
receiving station identify which application or process to hand off the data
to. Given this functionality Cisco and most of the VoIP community have
chosen to use RTP for the transport of packetized voice in IP networks.

RTCP carries out the control functions for RTP streams. RTCP per-
forms four discrete functions:

1. Communication of information and statistics about the RTP
stream to the application

2. Identification of the RTP source
3. Limiting of control traffic

4. Secondary transport for small amounts of information

This protocol is important in voice environments for its ability to iden-
tify RTP sources and for the statistical information it provides applica-
tions.

Resource Reservation Protocol

Resource Reservation Protocol, or RSVP, is a protocol developed to allow
applications to dynamically request specific levels of service from the net-
work. RSVP’s application-based approach enables it to be customized
based on specific application requirements. RSVP-enabled applications
communicate their bandwidth and network latency requirements to
receiving applications. The receivers then issue RSVP requests to the net-
work elements along the return path to the source station for these
resources. Once a network element agrees to support a request, it is
expected to honor that request for the duration of the reservation. In voice
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Packetized Voice Overview 23

over IP environments, a voice-enabled router can issue RSVP reserva-
tions for each individual voice call and rely on the intermediate network
elements to dynamically allocate the appropriate resources for the call.

In addition to standard RSVP requests over packet networks, Cisco
offers a means to map RSVP reservations to ATM SVCs called RSVP-
ATM QoS interworking. This feature is supported by the 7500 series and
enables the router to dynamically set up an ATM SVC with the appro-
priate QoS parameters to support the RSVP request. In hybrid packet
and cell environments, RSVP-ATM QoS interworking provides enhanced
QoS integration and leverages ATM’s intrinsic QoS capabilities to sup-
port packet-based requests.

Diffserv/Committed Access Rate

Cisco’s committed access rate (CAR) and the goals of the IETF’s differen-
tiated services (diffserv) working group are similar. The diffserv group is
developing a standards-based approach to classifying IP traffic, setting
bits within the IP header to identify a specific QoS, providing preferential
service based on QoS levels, and supporting the QoS levels throughout
the network. Cisco’s committed access rate is an early implementation
that provides rate control for IP traffic, interpretation and setting of IP
precedence bits, and differentiated service throughout the network based
upon IP precedence bits. This feature is significant in voice environments
as it helps provide network-wide classes of service for IP traffic.

H.323

H.323 is an International Telecommunications Union (ITU) standard
which was created in 1996 and updated in 1998. It provides a foundation
for audio, video, and data communications across a packet-based net-
work infrastructure. H.323 provides standards for voice-encoding, simple
bandwidth management, admission control, address translation, call
control and management, and links to external networks. The voice over
IP community has adopted H.323 standards in an effort to foster the
interoperability of equipment from multiple vendors. H.323 provides a
solid foundation for building multimedia networks and has become criti-
cal for developing large-scale VoIP networks.

G.729/G.729a

G.729 and G.729a are standard for voice-encoding algorithms. These
algorithms analyze standard PCM voice segments and use a complex
algorithm to encode them. Once encoded, a lookup pointer for the audio
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