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Workforce Automation: Software Leveloper
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vTechnologies v[@ilSuite
Integration Options
Caller ID : 194 Caller Name :
Integrate with Salesforce
Notes :
Login : |de-.'elopment@wtechnet‘com | Test
password : [l |

Try caller line id (CLI) if account number fails
Log calls into Salesforce

[] Integrate with custom application

Screenpop on Answer

Screenpop On Outbound Call

Show CallerID popup

Show Notes screen pop instead of CallerID D Encryption On/Off
Close CallerID Screen Pop Automatically Load Notes Save Notes

Enable automatic legging Security Key

[ @ Active Device : 1P Office Phone: 110
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B 25 Yearsin data and telecommunications

B 5 years as voting member of TIA 568 Committee
[568A/B 4-Pair UTP Cabling Specification]

B Founding member of IEEE n F a f£thernet
Working Gr ou p o

B4 years as voting member of IEEE 802.3u
Committee [100BaseTX]

B2 years as voting member of ANSI X3T9.5
Committee [FDDI over Copper]

mSIP?

7/12/2007 vTechnologies, Inc.



vTechnologies

VOIPBARS TS

7/12/2007 vTechnologies, Inc. Page 6



vTechnologies VoIP Basics

B \/oIP (Voice over Internet Protocol) is a generic
description of any transmission of Voice OR
Videousing n R eTail mi metworks.

» VoIP is NOT a standards specification!

» VoIP has become popular as a means for service providers
(AT&T, Verizon etc.) to deliver voice services primarily because
of its more efficient use of available bandwidth.

» Traditional telephone networks (ISDN) are far less efficient in
their use of available bandwidth because they reserve a channel
for each connected conversation.

» In data networks, everyone can use the available bandwidth to
the maximum extent, which means that the line capacity is
exploited efficiently.
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ISDN PRI T 1.544 Mbs/sec.

23x64K B (Bearer) Channels / 1x64K D (Delta) Channel

Supports 23 Simultaneous Full-Duplex Calls

DS171 1.544 Mbs/sec.

1.544 Mbs/sec. Available Bandwidth
G.729 Codec = 8K Bitstream
G.711 Codec = 64K Bitstream

Half-Duplex

7/12/2007 vTechnologies, Inc. Page 8



vTechnologies VoIP Basics

VolP CODECs
Codec BR (Kbps) |NEB (Kbps) MOS
G.711 64 87.2 4.1
G.729 8 31.2 3.92
G.723.1 |64 21.9 3.56
G.726 32 55.2 3.85
BR = Bit rate
NEB = Nominal Ethernet Bandwidth (one direction)
MQOS = Mean Opinion Score of audio quality where 1 is worst and 5 is best
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B Common VoIP Transmission Methodologies

» Voice and signaling channels are strictly separated in VolP
Implementations.

» Signaling sessions are typically administered by a server which
provides control, establishes compression and other

communication parameters.

» The voice stream is established between endpoints once the
signaling sessionhas been negotiated.

» UDP (User Datagram Protocol) is the preferred protocol for voice
transmission over IP. Because UDP does not guarantee delivery
or check for packet order, it is faster and more efficient. As well,
because voice packets are time sensitive, lost packets are
preferable to delayed packets.
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B Common VolP Transmission Methodologies
(cont.)

» VoIP transmission requires a protocol that is responsible for
voice encoding, jitter, sequence order and bandwidth usage.

» RTP (Real-time Transport Protocol) was developed by the IETF
(Internet Engineering Task Force) to better support applications
that require real-time packet delivery. RTP provides the following
services:

V Payload-type identification: Indication of what kind of content is
being carried T typically voice or video.

V Sequence numbering: Tracking of packets for resequencing, if
needed, at the receiver-side.

V Time stamping: Provides information to the receiver-side for
synchronization and jitter calculations.

V Delivery monitoring: Provides information related to packet loss and
packet delay.
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TYPICAL VolP PACKET COMPOSITION

P UDP RTP

IP Header Voice Payload
(Overhead) (Useful Data)
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B Quality of Service

» It iIs @ common misconception that VolP protocols incorporate
some kind of Quality of Service mechanisms that provide for
iImproved packet delivery. They do not!

» RTPand its associated protocols do not provide any mechanism
for guaranteeing delivery or quality of service. They simply
provide information to other applications or mechanisms that
can provide appropriate service quality.

» Because IP networks are connectionless by nature, they are
iInherently unreliable (Best Effort) when compared to connection-
oriented network protocols such as ISDN. Therefore, voice
communication, which has traditionally relied on a predictable,
reliable infrastructure for acceptable audio quality must have
other mechanismsin place to provide acceptable voice guality in
an IP network.
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B Quality of Service (cont.)

» QoS is a function, not of protocols, but of the underlying IP
networking infrastructure, i.e. the switching and routing
equipment on the LAN/WAN

» Quality of Service, which was established as a standard by the
ITU in X.902, is a traffic engineering term that refers to resource
reservation control mechanisms that can be implemented in an
IP network. QoS mechanisms allow the marking of packets to
prioritize their movement through the network and to allocate a
fixed allocation of bandwidth. The current name for this marking
and prioritization is Differentiated  Services or DiffServ . At
the IP layer, DiffServe uses DSCP (Differentiated Service Code
Point) markings in the IP packet header to identify the queue to
which that packet will be assigned
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Priority Level Traffic Type

Standard (Spare)

Lowest Priority

Excellent Load

w I\>I

(Business Critical)

QoS
Priority
Levels

Voice

(Interactive Voice)

[Less than 10ms latency and jitter]

+

Highest Priority
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B Quality of Service (cont.)

» QoS Limitations

» QO0S, as it currently exists, is NOT implemented on the internet and
w o nheimplementedin i | nt €obecauseit c a nséale for large
networks.

» Although QoS functions well on LAN-only traffic, it only functions
one-way on internet connected endpoints.

» To compensate for this limitation, inbound traffic must be
At hr o toadpreximate QoS functionality.

QoS Traffic Engineering

Throttling of HTTP/FTP/
Streaming Media, etc.

“ B
= == = A
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B Quality of Service (cont.)

» QoS Requirements

» Latency. Maximum Roundtrip delay of 250ms; Maximum one-way
latency of 150ms [LAN T Local ISPT Backbone Provider]

» Jitter: Maximum 2ms delay

» PacketLoss
» Lessthan 1% packet loss for a G.711 Codec
» Farlessthan 1% packet loss for a G.729 Codec
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B \What is SIP?

» The IETF SIP RFC3261 DescribesSIP as:

» e an application -layer control (signaling) protocol for creating,
modifying, and terminating sessionswith one or more participants.
These sessions include Internet telephone calls, multimedia
distribution, and multimedia conferencesn

» SIP does not define the underlying communications protocols,

but uses existing protocol standards for transmission of the voice
payload.

» SIP iIs a request-response protocol that functions at the
application-layer of the OSI model (not the IP layer) and works
much like HTTP, even using URL:like addressing to identify the
endpoint that is being called.

» SIP uses UTR8 (8-bit UCS/Unicode Transformation Format)
encoding which is compatible with the ASCII character set.
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0S| Reference Model

Application (—. i SIP
Presentation
Session
Transport
Network < IP

Logical Link Control (LLC)
<« Ethernet
Media Access Contrel (Mac)  802.11

Data Link

Physical
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B S|P Components

» UA (User Agent)T SIP network terminal (SIP telephone) that
contains the UAC and UAS.

» UAC (User Agent Client)i Element in terminal that initiates calls.

» UAS (User Agent Server)i Element in terminal that answers
calls from other UACs. The UAC and UAS allow peeto-peer calls
to be made using a client-server protocol.

» Proxy Serveri Server that receives connection requests from
the UA and transfers them to another proxy server if the
particular station is not in its sphere of administration.

» Redirect serveri receives connection requests and sends them
back to the requester including destination data instead of
sending them to the calling party

» Location Serveri receives registration requests from the UA and
updates the terminal database with them.
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B S|P Request Messaging

» INVITE T Indicates a client is being invited to participate in a call
session

» ACKT Confirms that the client has received a final response to
an INVITE request.

» BYET Terminates a call and can be sent by either the caller or
the callee.

» CANCEL Cancels any pending searches but does not terminate
an already accepted call.

» REGISTER' Registers the address listed in the To header field
with a SIP server.

» OPTIONSI Queriesthe capabilities of servers.
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B S|P Response Messaging A response to a SIP request
always consists of a 3-digit integer result code and a short textual
description.

» PROVISIONAL (1xx) Request received, continuing to process the
request. A server sends a 1xx (100 Trylng 180 Ringing)
response if it expects to take more than 200 ms to obtain a final
response.

» SUCCESS (2xx) The action was successfully received,
understood, and accepted (200 OK).

» REDIRECTION (3xx) Further action needs to be taken in order to
complete the request (301/2 Moved)

» CLIENT_ERROR (4xx) The request contains bad syntax or cannot
be fulfilled T Most common = 404 Not Found.

» SERVER _ERROR (5xx) The server failed to fulfill an apparently
valid request (503 Service Unavailable, 513 Message Too Large).

» GLOBAL_ERROR (6xx) The request cannot be fulfilled at any
serveri rare to see 6xx errors.
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