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H.323 Primer

H.323 Without RAS -
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dial-peer voice 100 voip dial-peer voice 104 voip
network-peer destination-pattern 667.... network-peer destination-pattern 557....
session target ipv4:10.1.5.4 session target ipv4:10.1.5.3
dial-peer voice 4 pots dial-peer voice 1 pots
local-pe pattern 5571111 local-peer destination-pattern 6671111
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+ VolP Dial Peer points directly to the destination GW's IP address
« Scaling to large networks becomes administratively burdensome

H.323 Without RAS - Call Set-up

Gateway . Ga(eway

& esmul =2 1P Qos Cestng
“_Private Voice « Network | \ Private Vulce
—_— e H.225 (TCP)
-
POTS/PSTN Call Set-up: Ringing, Answe Q.931 derived Call-Setup
\
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®
Capabilities Exchange
B ———————
Open Logical Channel H.245 (TCP)
- RTP/RTCP address
Open Logical Channel Acknowledge negotiation
’ \ )
/ Media (UDP)

+ Assumes Endpoints know each other’s IP addresses
« The FastConnect v2 option cust down on messaging (see 12.1.1T section)

H.323 With RAS

Registration, Admission and Status

Address Translation: Every GW needs to know
Gate'(ee})er only about the GK, not about all other GWs

Gateway A

S, gggé Cont 1 =

RTP (UDP)
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Gatekeeper Functionality

Gatekeeper is optional

Logically separate from the H.323
endpoints

H.323 ITU Specification

Gatekeeper mandatory services are:
Address translation
Admissions control
Zone management

Gatekeeper optional services are:
Call control signaling
Call authorization
Bandwidth management and reservation

one Call Set-up

2295
g

Y/ /2
—— ) E—— )
Terminal A GWA ® GWB Terminal B
415-557-1111 408-667-1111

1) Terminal A dials the phone number 408-667-1111 for Terminal B

2) GWA sends GK1 an ARQ, asking permission to call Terminal B

3) GK1 does alook-up and finds Terminal B registered; returns an ACF with the
IP address of GWB

4) GWA sends a Q.931 Call-Setup to GWB with Terminal B's phone number

5) GWB sends GK1 an ARQ, asking permission to answer GWA's call

6) GK1returns an ACF with the IP address of GWA

7) GWB sets up a POTS call to Terminal B at 408-667-1111

8) When Terminal B answers, GWB sends Q.931 Connect to GWA

Gatekeeper Functionality

Cisco Gatekeeper Features
Address Translation
H.323 ID and E.164 translation to an IP address
Admission Control
Terminal name registration
Gateway registration
E.164 Registration
Zone Management
Zone and subnet configuration

Intra- and Inter-zone routing and communication (proxy
assignment)

Zone access configuration

Inter-Zone Call Set-up: Directory

Gatekeeper
Dir-GK
@3
&£ Ve
Terminal A GWA Terminal B
415-557-1111 408-667-1111

Inter-Zone Call Set-up

GK

oo R

Termlnal A Terminal B

415-557-1111 408-667-1111

1) Terminal A dials the phone number 408-667-1111 for Terminal B

2) GWA sends GK1 an ARQ, asking permission to call Terminal B

3) GK1 does a look-up and does NOT find Terminal B registered; GK1 does a prefix
look-up and finds a match with GK2; GK1 sends an LRQ GK2, and RIP to GWA

4) GK2 does alook-up and finds Terminal B registered; returns an LCF with the IP
address of GWB

5) GK1 returns an ACF with the IP address of GWB

6) GWA sends a Q.931 Call-Setup to GWB with Terminal B's phone number

7) GWB sends GK2 an ARQ, asking permission to answer GWA'’s call

8) GK2 returns an ACF with the IP address of GWA

9) GWB sets up a POTS call to Terminal B at 408-667-1111

10) When Terminal B answers, GWB sends Q.931 Connect to GWA

1) Terminal A dials the phone number 408-667-1111 for Terminal B

2) GWA sends GK1 an ARQ, asking permission to call Terminal B

3) GK1 does alook-up and does NOT find Terminal B registered; GK1 does a
prefix look-up and finds a wildcard match with Dir-GK; GK1 sends LRQ to Dir-
GK, and RIP to GWA

4) Dir-GK does a prefix look-up and finds GK2; Forwards the LRQ to GK2

5-11) Same as steps 4-10 in previous scenario

Call Disconnect

GK1

@ &

® @

7 X
=@ BD= gy
Terminal A GWA GwB Terminal B
415-557-1111 408-667-1111

Terminals A and B are in active conversation...

1) Terminal B hangs up

2) GWB sends DRQ to GK2, disconnecting the call between Terminals A and B.
A DCF is received some time later.

3) GWB sends a Q.931 Release Complete to GWA

4) GWA sends DRQ to GK1, disconnecting the call between Terminals A and B.
A DCF is received some time later.

5) GWA signals a call disconnect to the voice network (the mechanism differs
depending on the trunk used on GWA. If it is a phone set (FXS), then there is
no mechanism to signal the disconnect.
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Directory Gatekeeper - Network Scaling

Small Network - Gateways only || Small Network - simplified with a Gatekeeper

== R ==

Medium-Large Network - Multiple
Gatekeepers and a Directory Gatekeeper

Gateway Gatekeeper Directory Gatekeeper

=

FastConnect

H.323
Gateway

o —
< estNi (flpqns
_Private Voice/ * Network |

Calling Called

]

Only calling side can

initiate fastConnect ——
astConnecy ElemeTw,lh

Open [,
gical Chanpgy Info
— T N€lIn

Ready to l Called side can refuse by
Rx media not returning fastConnect
Any Q.931 message up to on the Q.931 message

and including CONNECT

‘ ith
'@1 fastConnect \E(\:ehrgre;?‘(emyfl
% Logica!
open al Channel
Msg pen LOOIE?
{/, l Ready to
Rx media

« Will work with any H.323 v2 endpoint that supports fastConnect ‘

Billing

RADIUS Server

L} psn / /@Fﬁ}—@—{;’sm»

Call Leg 1: POTS Call Leg 2: VoIP Call Leg 4: POTS

V7,

—
Call Leg 3: VoIP

Each of the Call Legs can generate Start and Stop records

Each call leg reports the NTP time for when the SETUP was
issued, the Call was CONNECTED and the DISCONNECT
was received

The Stop records have the required information for Billing

10S Accounting for Voice uses standard RADIUS attributes
where possible

FastConnect

H.323 H.323
- Gateway e Gateway B £
s CIPQos  psTNI
< Pri < < Private Voice

faisi¥oics’ Lo 4

Setup H.225 / H.245 (TCP)
-_— -
_ Q.931 derived Call-Setup
POTS/PSTN Call Set-up: Ringing, Ans! H.245 Open Logical Channel
Connect info contained on the
fastStart element of the
Q.931 messages
RTP Stream \
— A, |
- RTP Stream ’l; Media (UDP)
RTCP Stream | /
-~

« Saves opening a separate H.245 TCP connection (sockets)
« Saves several message exchanges
« Default call-setup mechanism as of this SW release

IVR Example

RADIUS Server

Prompt //:N\/Pm authentication
P &
4 &

Prompt: “Please Enter Account Number”

Response - i "
Prompt: ‘Please Enter Pin Number
Gateway with IVR | pocoonce: 67678
application Prompt: “Please Dial Number you would like to call”
Response: *(212) 555-1212"

Used for user authentication before entering the VolP network
IVR scripts are not modifiable in this release
the audio files for the prompts can be modified
Script is a sequence of voice prompts and DTMF responses
Plays customized prompts
Collects account numbers, PINs and passwords
Collects the destination number
Perform AAA authentication
Place call
= IVR scripts can be invoke on voice ports, or called number

atomy of an H.323 Network

D=0

DSPs
. IVR
®
Cisco I10S DSPs
T1/E1 Signaling Cisco 10S

* local !
ocal
PSTN

Customer

Customer

" 8
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POP Sizing - N

umber Of GW

(/fbcal\h‘“ PSTN !i Py 4 {363

"UPSTN ' 11/E1

Assumptions:
POP must service X BHCA
3 Minute Hold Times (HT)

AS5300 GWs can handle
up to 2 calls per second

120* ports per AS5300
* Depends on T1/E1 and signaling type

‘\,,WAiN : J

Calculating Number Of GWs:
Calls/DSO0 per hour
= (60 min/hour) / (HT)
=60/3
=20 BHCA/DSO
BHCA capacity of AS5300
= (DSO/GW) * (BHCA/DS0)
=120*20
= 2,400 BHCA/GW (0.67 calls/sec)
# AS5300 GWs Needed
= (POP BHCA) / (BHCA / GW)
=X /2400 AS5300 Needed

POP WAN Sizi

ng With CRTP

“UPSTN ' 11/E1

Aocai™ PSTN P

@fﬁéosy ;‘
 WAN |

WAN Bandwidth:

Bandwidth per call:
=12 kbps

Total WAN bandwidth/GW
12 kbps * 120 (96*) calls
=1.44 Mbps (1.15 Mbps*)

If Max = 160 (6.6 T1 or 5.3 E1)
12 kbps * 160 calls
=1.92 Mbps

Assume 30% VAD Efficiency
=1.34 Mbps <1 T1/E1

CRTP:
Performed on WAN backhaul
router (e.g. 3660/7200)
Reduces IP header from 40 bytes
to 2-4 bytes much of the time
Hop-By-Hop
Fast/CEF switched cRTP
—12.0(7)T and 12.0(7)XK
Limited platforms / interfaces
Limited # of cRTP sessions

http://wwwin.cisco.com/servpro/msa/produ
cts/docs/crt_web/crtp_web.html

POP Sizing - WAN Bandwidth

Tocal ™ _PSTN f‘E P Qos

"UPSTN ' 11/E1

‘\,,WAiN : J

Assumptions:
Voice calls
120* Ports / AS5300

* Depends on T1/E1 and signaling type
Voice Activity Detection 30%
efficiency on bandwidth for
standard voice calls at TI/E1
levels and up.
G.729 CODEC used
60 byte packets + link layer
(no header compression)

WAN Bandwidth/GW:

Bandwidth per call
66 bytes * 8 bits/byte * 50 pps
=26.4 kbps

Total WAN bandwidth/GW
26.4 kbps * 120 (96*) calls/GW
=3.17 Mbps (2.53 Mbps*)

Assume 30% VAD Efficiency
2.53 Mbps * 70%
=2.22 Mbps (1.77 Mbps*)

POP Sizing - WAN Bandwidth

4 760 s

"UPSTN ' 11/E1

Aocai™ PSTN WS

Assumptions:
Voice calls
120* Ports / AS5300

* Depends on T1/E1 and signaling type
Voice Activity Detection 30%
efficiency on bandwidth for
standard voice calls at TI/E1
levels and up.
G.729 CODEC used
60 byte packets + link layer
(no header compression)

"_WAN |

WAN Bandwidth/GW:

Bandwidth per call
66 bytes * 8 bits/byte * 50 pps
=26.4 kbps

Total WAN bandwidth/GW
26.4 kbps * 120 (96*) calls/GW
=3.17 Mbps (2.53 Mbps*)

Assume 30% VAD Efficiency
2.53 Mbps * 70%
=2.22 Mbps (1.77 Mbps*)

POP Sizing - Number Of GWs

4 760 s

Tocal »_PSTN !E!i <

"UPSTN ' 11/E1

Assumptions:
POP must service X BHCA
3 Minute Hold Times (HT)

AS5300 GWs can handle
up to 2 calls per second

120* ports per AS5300
* Depends on T1/E1 and signaling type

\,,WAN J

Calculating Number Of GWs:
Calls/DSO0 per hour
= (60 min/hour) / (HT)
=60/3
=20 BHCA/DSO
BHCA capacity of AS5300
= (DSO/GW) * (BHCA/DS0)
=120*20
= 2,400 BHCA/GW (0.67 calls/sec)
# AS5300 GWs Needed
= (POP BHCA) / (BHCA / GW)
=X /2400 AS5300 Needed

POP WAN Sizing With CRTP

Tocal » _PSTN !E!i p—

"UPSTN ' 11/E1

WAN Bandwidth:

Bandwidth per call:
=12 kbps

Total WAN bandwidth/GW
12 kbps * 120 (96*) calls
=1.44 Mbps (1.15 Mbps*)

If Max = 160 (6.6 T1 or 5.3 E1)
12 kbps * 160 calls
=1.92 Mbps

Assume 30% VAD Efficiency
=1.34 Mbps <1 T1/E1

CRTP:
Performed on WAN backhaul
router (e.g. 3660/7200)
Reduces IP header from 40 bytes
to 2-4 bytes much of the time
Hop-By-Hop
Fast/CEF switched cRTP
~12.0(7)T and 12.0(7)XK
Limited platforms / interfaces
Limited # of cRTP sessions

http://wwwin.cisco.com/servpro/msa/produ
cts/docs/crt_web/crtp_web.html
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Detailed Network Diagram

Directory GK

&= e
< —>
D HSRP

LRQI/LCI

F

West GK

T

ket Tandem Solution
Overview

. Distance
Network

Drivers for packet tandem

Packet Tandem solution Overview

solution

Data traffic growing at exponential rate
SPs have to optimize network for data k.

Deregulation and competition

Virtal Switch

Controllers
Need to focus on costs and services /\
AN
VolIP non-regulation - bypass international settlement L t
Leaxa Dy
Long-distance regulatory relief R - ) e oo

Broadband access technologies
xDSL, cable and wireless (not TDM-based)

Core bandwidth explosion with WDM

Packet based end-systems and PBXs oy SoR Nework
Maragerment diaton Ammauncenert
. . . et
Multiservice access with data focus

Tandem/Transit Solution

Components

Fault, performance, security
& configuration mgmt for the
VSC. Provisioning tool for
VSC and VISM.

Class 4 Tandem aka SuperTrunk

For 800# and | | 2600:Terminate SS7
LNP lookup and pass MTP3 and
above to the VSC.

Service Description

Replacement for existing voice
(narrowband) Trunk and Tandem
Network with a packet network

SCP ‘

Convert CDRs into
BAF & provides perf

e Value Proposition
d 4 Reduces # of Tandems by providing
“ \/_)/ asingle large ATM Tandem Switch
S

Reduces # of Trunks required
through more efficient trunk
utilization

IP/ATM Core

b =
N~

MGX8850/VISM:Provide TDM
termination, packetisation,
compression, vad, ecan, etc,.

Lowers Operational Costs -
Reduction in trunking operations
for Translations, Forecasting, &
Engineering

VSC: Call processing, digit analysis/
manipulation, dialing plans, routing,
circuit selection, IN interfaces, CDR

creation, device control(MGCP),etc,. Eliminates most circuit design for
trunking & private lines

Solution Components )
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Packet Tandem Solution

Biz Case - Case Study

Class 4 - TDM Tandem Path (TDM):
2X($200+$66) =
TDM Tandem $532/DS0
Class 5 $66 Class 5
-~ Packet
Packet Tandem S <551DS0 equivalent) Tandem Path (Packet):
) 2X($125+$25+$10+$5) =
; - $330/DS0

Savings: 38%

VSC SW (825) MGX8850/VIS]
MGX8850/VISM
($125/DS0)* VSC HW ($10) (3125/DS0)*

*MGX8850/VISM: Redundant system, assuming 40% Discount, G.711 codec pricing
VSC SW Pricing based on volume discount
VSC HW Pricing based on fully-redundant fault-tolerant Active & Standby system

Wholesale Dial
and
Internet Offload

Internet Offload

“Bulldog”
The Bottleneck - Congestion Avoidance
Congesti Traffic Groomin

Fals " IO 2y o)

( "\ Voice/Data ( TDM N ( TDM )

| | /" Voice [ \ 4 Voice )

£ Network p) ] =Switch I, Network

= ) - [ Locar) = oy

| Telco Internet [ | Voice

\ { | , L

\ ‘/Access \ TElCO ey Network

A === ISPs \ Internet x : .
PRI Access —— IsPs

PRI

The 20-30 Minute
Hold’ Time Internet/Voice Traffic
Groomed Here

Packet Tandem Solution

Biz Case - Case Study

$150/DSQ Assuming 25K Trunk Ports / Class 5 Switch
Trunk port cost / DSO: $150
Trunks in-use (70% Util): 17500
Class 5
Full Mesh
(70% Utilization)

Trunks in-use (95% Util): 23750
Packet Tandem Trunk ports saved / Class5: 6250

@ $150/DS0 = ~ $1M Savings / Class 5 Switch

Class 5 Plus Operational savings (trunk administration
Super-Trunk

(959% Urilization) costs) makes a very _compellmg case for
packet tandem solution

Wholesale Dial w/SS7

Wholesaler Dial Facilities
Signaling A-Links
e o

Retailer CPE

RADIUS / AAA
___)Server

SC2200
Signaling
Controller
Retailer's

Network
=)

Service
Switching
Point

RADIUS
Proxy

Voice Trunking over IP
ILEC Design

Gary McNiel
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VTolP

7 SS7 Signaling Network N
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[ \ \
\
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MGX 8850
WVISM

lass
PSTN Switch

P
, // Vintual Switch Controler N
7 - 7 N
N
s / \ N
7 / N N
7 / i
7 /
s N
s, . /
. ’ /|

WVISM

s
PSTN Switch

Debit/Prepaid Calling
Distributed Radius: Service Architecture

Debit/Prepaid Calling

Service Architectures

February 1, 2000

Debit/Prepaid Calling
Service Node Architecture

(Belle, Mind, Portal) «

« Call authorization
« Balance remaining info
« Call detail records

calling N N
Party  AS5300 T

etwork |
7/7//

Authorizes call

* Reports balance ($)

* Rates call

+ Reports minutes available
+ Updates balance after call

termination

¢ Call detail records

" Casoo  Called
Party

% VCO/4K Bundle
— b L‘/{ Data V\:‘\

Voice Shelf AP-VS3 with

— — o
p .
P Network |
¢ PSTN >
S— 4 Host Control Link -
o TlorEl
/7 wiSS7
M) PIN
= _8 Database
Billing
System
Host
Computer

VSC3000
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Call Control Plane—
Virtual Switeh; Controller Concep

Services Plane

Call control
[JCall Routing

[JAccess to Services
plane

[1Gateway Control
Signaling Mediation
Operation Support
JAccounting

Call Control Plare;

Connection Plane:

Signaling Backhaul

SS7 - Signaling Link Terminal

V.~
SS7TMTP3&Up [amiadl SS7MTP3& Up
MTP2/MTP1 SLT RUDPNP

PRI - Access Gateway VSC

0931 == 0931
Q021 X RUDPIIP

VSC Signaling Support

Packet Telephony: Signaling

° Signaliﬁg between
VSC nodes,

. Transparent‘ly‘ pass
TDM signaling bgtween
adjacent switches

Signaling|Backhaul

Packet transport to
deliver Iéqacy SSs7
and ISDN PRI
signaling ﬁayload
from
gateway to VSC

(GIMW
control

I MGC

-ConnecL‘on ontrol:
create/modify/delete

«Service commands:
notify, audit GW

« Bearer agnostic:
VolP, VOATM

VSC Node Redundancy.

Heartbeat
Checkpoint

1 1 i
Link Link
Set A Set B
<
>

Finish ISUP ETSI ISUP
Swedish ISUP ITU Q.764 ISUP
Dutch ISUP ITU Q.70x MTP
ETSIPRI

o m e
P QsiG - Japan ISUP

German ISUP
French ISUP

Polish ISUP

’

French TUP i
UK ISuP Belgium ISUP " Swiss 1SUP
BT NUP Spanish ISUP
BTNUP NRC Italian ISUP

UK IUP
BT Mobex — -
= New Zéaland ISUP
£

MGX 8850
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MGX 8850: First Integrated VolP Packet Tandem Offload (VoIP)

and VoATM Edge Switch

Widest range of data and
voice services on a carrier
edge switch

Most cost-effective
multiservice solution for both

Service Provider
Tandem/Transit
Network

New packet revenue stream

« Unique capability to
hairpin/groom voice traffic
using TDM switching or
conversion to VolP

Service

small and Iarge sites - Open interfaces: more Rty
choices, faster time to market Network

Widest range of data and
voice services on a carrier
edge switch

DSO0 to OC-48¢c

ATM, FR, IP, TDM Services

Carrier class reliability

SNMP-based EMS

Provides fault, performance,
security, and configuration
management

CDR interface for billing
mediation devices

VolP

Bandwidth Efficient

MS AccesSiliu Point-to-Point Trunking

Sl oz

TUE1ATM

Internet
» Standards based AAL2 implementation
= Full subeell mutliplexing, compression and VAD

« 10 fold decrease in cost / DSO
= Integrated network for voice and data

=~Integrated-IP+ATM voice-and data access-over a single-line
~~Compressed-Voice over AAL2using PVC-Trunking Modet
«-improved access economics

Cisco AS5300/VolP

AAL2 Coding Schemes

erv e

PSTN & PBX to VolP
5Bytes  1Byte 3Bytes 40 Bytes (per 5 msec) 4 Bytes Toll bypass

Gl oot o | | GG Ao S Direct and 2-stage dialing

Fax Relay

Integrated IVR

Modem & ISDN Internet access

» Performance

5Bytes  1Byte 3Bytes  40Bytes (per 10msec) 4 Bytes

G.726 Cell Header | St G726/ADPGH Ao Sarples

5Bytes  1Byte 3Bytes 10 Bytes (per 10 msec) 34 Bytes. 150-MHz R4700 RISC CPU

G.729-10ms SIS s PAD High-performance,
low-latency architecture

5Bytes  1Byte 3Bytes 20 Bytes (per 10 msec) 24 Bytes. ° Cal‘l‘ler CIaSS
G.729-20ms Cell Header PAD. Toll quality

5Bytes 14 Bytes NEBS . .
G.729-30ms o Four T1/E1/PRI (supports 48/60 voice sessions)

~10-Mb and 10/100-Mb Ethernet interface §
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Cisco AS5300 Voice/Fax Feature Card

card
One or two per AS5300
24/30 ports per feature card
100-MHz RISC controller

+yDSP modules
Snap-on DSP modules
Six DSPs per module
G.729 CS-ACELP—8 K
G.711 PCM

'Spe;cmca"y deSIgned for G.165 echo cancellation

timo vunico

Group Il fax relay

* VolIP protocol support
H.323 standard
RTP, RTCP, CRTP, NTP
Cisco 10S™ QoS features

IP precedence, WFQ,
WRED, RSVP, MLF

Understanding Unified
Communications for

Service Providers

Session 2004

Introduction, Features, and Benefits

Basic Interactive Voice Response (IVR)

IVR application integrated into the voice Gateway

Simple voice prompting and digit collection from
the caller to:

authenticate the user

identify destination

Customer may record their own announcements
and prompts (script logic cannot be customized)
Scripts supported:
Announcement
ANI authorization
Account number/PIN authorization
..Fax hop on/off (use of redialer boxes)

Agenda

Introduction, Features, and Benefits
Architecture and Components
Typical Call Flows

Deployment in a Service Provider
Environment

Redundancy and Load Balancing

Unified Communications

Unified communications is an enhanced
voice over IP solution that provides the ability
to manage voice mail, e-mail and fax under
a common message store, on an existing
IP infrastructure.

‘ Unified Q

Communications

Feit

Copyright © 2000, Cisco Systems, Inc. All rights reserved.
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Unified Communications

Multiple Device Types and Media

Non Real-Time Message Exchange

Unified Communications

Features

E-Mail Messaging

identif§AVoiceRe: mall andNexmeESSages
in mailbbx “-

* Play voice messages as streamin@ audio;

« Listen to e-mail messages over the phone using
text to speech processing (TTS)

*Respond to an e-mail message over the phone
as an audio attachment to the original sender

* Message waiting indication on arrival of new
e-mail messages

« Print e-mail to a local fax machine

Unified Communications

Features

Single Number Reach

o Caller_n dialenemumbenterEachiiSEr at Work,

homeoen mobile phene -

» Callers cani choose to locate subscrilers or leave:
a message

* Subscribers can choose to accept the call based
on the caller or transfer to voice mail

« Users can define different reach numbers based
on the time of the call

» Users can choose to be notified of incoming calls

Unified Communications

Features

Voicemail

J Mple persenalized oreeting,

* Hantlle alllmessages With*asingle call

« Designate and prioritize/messages

* Leave messages for multiple subscribers

* Forward Voice messages as e-mail
attachments

« Locate subscribers using name or
phone number

* Message waiting indication by pager,
stutter dial tone or indicator light

Unified Communications
Features

Fax Messaging

< ALIItY*0. redirect e mMEssages: toralocal fiax
machiineswheniready; e

- Determine the time of arrival and sender or afax
message using a telephone

» View faxes as a (.tiff) attachment to an e-mail

message

« Forward faxes as e-mail attachments to
other users

* Message waiting indication on arrival of new
fax messages

Service Provider Benefits

Brand services for greater recognition

Drive minutes of use on the network,
increasing total revenue per subscriber

Reduce churn by strengthening customer
relationships with value added services

Reduce cost of ownership by utilizing
acommon platform to introduce new
applications and services

Copyright © 2000, Cisco Systems, Inc. All rights reserved.
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End User Bengefits

Users can manage and access all of their
messages regardless of the media type

Remote users can access all of their messages Architecture and Components
with one phone call into their unified

messaging system

Voice mail, e-mail, and fax messaging are non-
real-time means of communications, allowing
users to access their messages at any time

Media conversion allows users to access their
messages in the media of their choice

Unified Communications Network Network Components
Compoenents Access Services

SNMP Web Admin

Edge devices that provide telephony

Dieciory and data access to the network
Jfﬁé?ﬁka_@__(‘ P Network / VeSS Cisco AS5300/5800 with Cisco 10S 12.0.5(T2)
= Gy T R~ =
psT / L \ ey gateways which provide access to the network

and vcw-vfc-mz.c542.4.04 as VolP H.323
Signaling

VolP and

o FolP /
/ﬁ K3

~ SEfver

from traditional telephony devices
S Cisco AS5300 Onramp and Offramp fax

[F etwork Ds e gateways that provide access to and from the
@ network for group three fax machines
Access Application Backend Access servers for dial in data access
Services Services Services

from PC’s

Network components Network Components
Application Services Backend Services

Message management logic and H.323
call termination point .
Iplanet Directory server 4.0 (LDAP)

Gateserver
Sun Netra T 1125 Dual processor, 440 MHz, 512MB RAM, Iplanet Messaging server 4.1
9.1G hard drive with Solaris 2.6
uOne gateserver software version 4.2S HyIafax paglng server 4.0, patch 1

RadVision rel 2.1.2.3 H.323 Stack (Included with uOne)
o Apache Web server 1.3.6
L&H Telecom TTS (Text to Speech) V.100 for Solaris with

American English, French and Spanish language sets Network management workstation
SNMP master agents (optional)—Solstice enterprise
agents runtime V1.03
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Backend Services
Directory server

Backend Services
Messaging Server

Storage of user profile information in a
hierarchical tree like structure based on
organizational or geographic boundaries

Tuned to give quick response to high
volume search operations

LDAP (lightweight directory access
protocol) used to manage user
information on directory. Uses TCP
port 389

Backend Services
Paging Server

HylaFax paging server—interfaces
with uOne using SNPP (Simple
Network Paging Protocol)

Solaris 2.6 based

Connects to a modem server using
a single ended SCSI 2 cable

Gateserver Components

Agent Manager and Monitor (AMM)

Scheduling, routing, launching, monitoring, and
terminating services

Service libraries to access non proprietary services
(IMAP, SMTP)

Call Control/Media Agent (CMA)

Provides all H.323 services (H.225, RAS, H.245)

Media services such as playing and recording messages
Application agents

Launched by AMM to provide specific tasks such as fax,
notification

Provide access to back-end servers by using service library APIs

Common message store for uOne with
open access (IMAP4, HTTP, SMTP)

Uses directory service for user account
information/authentication

Messages stored using SMTP in
MIME format

Retrieved using IMAP4, POP3 or HTTP
(Web-based e-mail client)

Gateserver Architecture

Distributed object-based framework

Based on new and non-proprietary
voice and information standards

Several major components
that can be distributed across
multiple systems

Gateserver Component Overview

Paging  Directory Message

PSTN Server || Server || Server
=~
&
S o - Gateway
T -Gal E;;:er ~ B %)
1P — z
m“urﬁ Network =
!5 /—/\ S
.323 Resourﬁ 2
| 8
CMA =
| =
Agent o
L DS Routing Manager <| Fax
Table Monitor Print

Log
Subsystem ==

Schedule
Table

um

Services
Libraries
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Unified Communications Protocol

Overview.
Services G Gl ool
- o er
NMP_~Gnpp
IMAP 5
i sure [ W
Call Trunking GVH.3Z3
Control ra— RAS _ '
as H.323,H.225,H.245 Typical Call Flows
&
Bearer LIVR |
Control
Qe N RTP
LEC Call Forward :
ILECCO ™ an Busy or Inbound Application Server

No Answer (uone)

Call Flows

Call Flows
Identifying Subscribers

Identifying Callers

Called Number

uOne Server
6018881234 H.323 Gateway —

) — B
Y/ LEC LRSS P E
- v =

Calling Number Access Number
6016661234 6017 234 ANI = 6016661234
P DNIS = 6017771234

Calling Number Access Number RDN =
6019991234 Call forward on busy 6017771234 ANI = 6019991234

or ring no answer DNIS = 6017771234

RDN = 6018881234

» Unpopulated RDN field indicates call from subscriber to retrieve messages
* Presence of R_DN (RedlreCted Number) indicates « uOne requests subscriber to enter phone number or simply press #
call to subscriber

« If subscriber enters phone number, it is used in directory search (LDAP)
» uOne searches for subscriber profile using

. . « If subscriber enters # 6016661234 is used to search directory for profile
6018881234, retrieves and plays personal greeting

Call Flows
Leaving a Message

L oot
A4 11—, PSTN
= .

1 }
‘\;;/ CalliMedia Agent  |e—2——

DS Routing Table
' — Agent Monitor Manager 2
=
—— vl MWI_Plugin
Schedule Table 6|77 s ’
. 19 2
12

FIFO Queue
23
, TcP i

MWI_PassOff |————2

Call Flows

Notification

Incoming Message

SMTP

@
-
]

30 Paging Server

T’!

LDAP Server

Messaging Directory - "
Server Server Messaging Server Notification Access Server
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Call Flows

Inbound Fax

uOne creates an alias on messaging
server mapping assigned fax number
to e-mail address

uOne does not participate in inbound
fax to subscriber

Fax delivered to subscriber mailbox
by onramp fax gateway

Call Flows
Onramp Function

- Cisco AS5X00 -
L~/ . Cisco 36xx 4 . Messaging server

I psTN I

[ = I
‘/ f’%»»,& Y
“v\ Sssee. l
R . o
« Demodulate fax call

< ITU-T T.30 fax protocol handling

« Turn fax image into TIFF file

« Create MIME message with TIFF attachment
« Optionally re-write to: address

« Create call history record

« Forward to ESMTP mail server

Call Flows

Inbound Fax

~ 2
J On Ramp Fax Gateway
Ty — o B
Fax Machine \,\ ﬁ/" \N:ESMTP)
d 3

i———— T.30 Group 3 Fax > L

= T

DNIS=6019991234 ! <
1 ———=35  ( IPNetwork
C )

-

[
@

Messaging Server
msgsvc.abc.com

|:| fax=6019991234:userl

uOne Server

-

Call Flows

Inbound Fax

1. User sends a fax to the subscribers telephone
number (6019991234). The fax connects to a fax
gateway (AS5300)

2. Incoming call is determined to be a fax call
because the DNIS matches dial peer with
information type set to fax. The gateway
converts T.30 Group 3 fax to a .tif file

3. The gateway creates a mail message, attaches
the .tif file and delivers it using ESMTP to the
messaging server. Destination e-mail:
fax=6019991234@msgsvc.abc.com

Call Flows

Inbound Fax

4. Messaging server deposits fax message
in users mailbox

uOne has created an alias on the
messaging server that maps
fax=6019991234@msgsvc.abc.com to
userl@msgsvc.abc.com at setup time

The receipt to e-mail address is
maintained as the alias
fax=6019991234@msgsvc.abc.com

The “fax=" alias in the “to:” address
defines this message to be a fax message
at retrieval time

Call Flows
Offrampi Function

Cisco AS5x00 P

Messaging Server/,,/ \,,\ Cisco 36xx = -

Authenticate sender against AAA (optional)
Rasterize text portions of e-mail (text->fax)
Rasterize TIFF-F into fax pages

Re-write fax destination number (optional)
ITU-T T.30 fax protocol handling

Modulate fax call

Create call history record

Delivery status notification

Copyright © 2000, Cisco Systems, Inc. All rights reserved.
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Call Flows

Outbound Fax

6019991234
Off Ramp Fax Gateway FaxPrint Process

—E PSTN

Fax Machlne 4_ —_ ﬁ/q_‘
N—- T.30 Group 3 Fax

e (ESMTP)
1]

- o4
FaxAdmin Mailbox
/IP Network E 3
Q

=

o @
lz Messaging Server

. //

uOne Server

Call Flows

Outbound Fax

4. FaxPrint application constantly monitors
faxadmin’s mailbox for new messages. It
retrieves message sent in the previous
step using IMAP

5. FaxPrint application sends the message to
off Ramp fax gateway (ESMTP) addressed
to (fax=6019991234@gw.abc.com)

6. Fax gateway extracts the destination phone
number from e-mail address, converts any
text to .tif format and sends the fax to the
destination as T.30 Group 3 fax

Call Flows
Outbound Fax

1. UM agent retrieves the fax or e-mail
message from the messaging server
using IMAP

2. Subscriber chooses the option to print the
message and keys in the phone number of
the fax machine where the message is to
be sent, example 6019991234

3. UM agent adds destination fax information to
the message and forwards it to subscriber’s
faxadmin e-mail account using SMTP

Agenda

Deployment in a Service Provider
Environment

Call Flows
Summary.

PSTN . Gateway Gate Keeper uOne Backend Servers
cup AR
lgace
—— — > Bind Reguest

Call Proceeding — 50 |@_Bind Response

= ACE earch Reguest

Alerting S —| g-Search Respon '
Connect Cou Connect

H.245 Capabilities Exch
Connect Ack L2220 CADRNNIES EXCNep T o oo 2

Open Logical Channel
Qpen Logical Channel Ack -

Audio Stream Logical Channel
Close Logical Channel

lCIOSe Logical Channel Ack

End Session

Disconnect
Release

Release Completg

End Session

DRC DRC
DC | ocr

Logout

Unbind Reguest

Q931 RAS H.225 H.245 LDAP IMAP

Deployment Overview.

Central Site

LDAP Server ( = ' e Server
GateKeeper % Message Server
J -
\/,
RAS /( WAN wp
\
P
Access
- Server —

uOne Servel

== ==

. y 1
MSG Server G2y 1 A MSG Server

Gateway i — Gateway

Point of Presence (POP) iPhone and PC Access
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Deployment Overview.

Service quality depends on where
uOne components are placed in
the network

Inherent delays across WAN's

Better quality and service by
minimizing traffic across WAN’s

CPE

Dial Internet Access
Fully Centralized

POP CORE

Directory
uOne Service

Jjsd
a IP Core I

N 7@ Fax
==

Message  Core AAA

Dial Distribution Server  Router  Billing

Platform Router

No uOne Components at POP

Deployment Overview.
Service Quality.

uOne server
Call setup times, voice quality
Directory server

Authentication, message response
(has to be centralized)

Messaging server

Message retrieval and response times

CPE

Dial Internet Access
Partially: Centralized

POP CORE

Directory
Service

uOne Gatek

== Gatekeeper ~—
&
{ e 59
= L Fax
&1

Message  Core AAA
Server  Router  Billing

Dial Distribution
Platform Router

Centralized Back End Services

Dial Internet Access

Fully: Centralized

+.245 Capabilities Exchg > Sorvice Ready

Open Logical Channel iy
Open Logical Channel Ack _ Login
Login Complete,

Connect Ack,
| —onneTi ATy |

< Audio Stream Logical Channel
Disconnect > elect
MReens | Close Logical Channel
Close Logical Channel Ack PleselectResponse

Release Complet End Session Select Complete
|Release Completg|________ End Session  fq2S2C M EE ]

Eelch
£nd Session
Fetch Response

Release Complete
e O IS Feich Complete

L DROLeR Loqout
| DCF Bye e
I Unbind Request
Q931 RAS H.225 H.245 LDAP IMAP

PSTN et Gateway Gate Keeper uOne Backend Servers
— R
— Sl Bind Request
Call — =0 Bind Response | _wan
e = CE garch Reguest
Alerting citing g earch Response LAN
Connect Connect ‘Connect.

Dial Internet Access
Partially: Centralized

o Gateway Gate Keeper uOne Backend Servers
e AR
leace
= — | Bind Reguest
| gCall Proceeding —50 Bind Response WAN
Alert = ACF Search Request
ertin —
Alerting Sonmect earch Response LAN
Connect Connect

[—_connect Ack ! TS Service Ready

Open Logical Channel Ack Login )
< Audio Stream Logical Channel e conpiele
Rg:;':wm - Close Logical Channel ‘WHSE‘E“»
Close Logical Channel Ack
Release Completg End SesvionleSelect Complete
Fetch
D Session }
Reloase Complete,_ o j@-cialResponse
————— ey Felch Complete
! DR - Logout
| gDCF Dt e
-~ Unbind Request
[ Unbind Request .}
Qa1 RAS H.225 H.245 LDAP IMAP
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Dial Internet Access Dial Internet Access

PSTN Gateway Gate Keeper uOne Backend Servers
CPE POP CORE Setup ARQ |
Message (q=acE J
Server Directory etup
Service Call Proceedin. > Bind Reguest
Gatekeeper 1 Ian Proceeding — Bind Response WAN
acE Search Request_
/;\ermvu Alerting Yo Search Response LAN
sonnect Connect
@ Connect Ack Lo Ca“gbmf L °I"gh - Service Ready
> pen Logical Channel -—
IP Core Open Logical Channel Ack ] Loain
Login Complete
[— udio Stream Logical Channel e~ SOmPiele
! Close Logica Channel J-——— —
——ies eSiese Logical Channel Ack Tl e
= Core AAA Release Complety End Session elect Complete
— Message 7. Billing End Sessi Fetch
Distribution Server e EEryo— Fetch Response
Platform Router —DRL> Fetch Complete
| DR Logout
DCE DCE Bve 7
. Unbind Request
uOne and Messaging Server at Each POP >
Q931 RAS H.225 H.245 LDAP IMAP
. 1 ! 104

Dial Internet Access Dial Internet Access

CPE poP CORE PSTN . Gateway Gate Keeper uOne Backend Servers
psScup AR
Message . lqace
Server uOne Directory ZLn Bind Reguest
VD}:C§§W GK Service Call Proceeding Call Proceeding — Bind Respon > WAN
(H.323) = CE earch Reguest
Alerting Alerting = - earch Response LAN
Connect — Connect
e T——" H.245 Capabilities Exchg > Soveerens
IP Core @ —! Qoen | ogical Channel
Open Logical Channel Ack i Loain
Login Complet
Disconnect . @ Audio Stream Logical Channel ¢ﬁwPEET
isconnect [
— > Close Logical Channel - L
. {eSese Logical Channel Ack R
Core Release Complet End Scesion Select Complete
o oy Fnd Session i Toon
Dial AAA Distribution Router £nd.Session {qEoich Response
AA Rout Release Complete o MmssmesbONS |
Platform Billing outer oS c232 COMD S [ Feich Complete
1 DR Logour
DCF Bve el
Unbind Reguest
Local GK Zone for Each POP
Qu.931 RAS H.225 H.245 LDAP IMAP
! 1 ! 106

Dial Internet Access

Dedicated Internet Access

Deployment Summar

CORE
uality-Feature Eully: Partially. = % ! § Message Directory
= Centralized Centralized istribi buted- H \ 1 Gate Keeper Service
Call Setup Time= Delays Possible Very Good Very-Good . e X
Voice Quality Degraded Voice Possible Very Good| Very -Good Very-Good .
Authentication Good Very Good Very:Good Very-Good
Message Good Good Very Good Very Good IP Core :
Response y
=N 4
Call Setup Time: Time taken to setup call and hear ringing at the far end Leased Line RCorle
outer
Voice Quality: Quality of messages being played back from uOne Separate Aggregation Distribution
Authentication: Time subscriber has to wait for the system after entering user ID and pin col AAA Router

Message Response: Time subscriber has to wait to hear message after that message has Billing
been selected. . B
Corporation Share uOne and Gateway Resources in POP
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Dedicated Internet Access Dedicated Internet Access

CPE CORE CPE POP CORE

uOne g

Directory Directory

Message Servlce uOne 1 == Message Servlce
Server Gate Keeper - Separate E Server Gate Keeper -
i N . cc‘v‘l,‘.-ue«e%‘. . ( N .
[ H R /

x/ Z & IP Core @ & IP Core @
(== A ] J
Gateway [ - "'\@»// i '*'\@A,,/
I Core = - I Core
Leased L!ne . —— Router o & iLeased L!ne —— Router
Aggregation Distribution Server iAggregation Distribution
AAA Router AAA Router
Billing Billing
Corporation Share uOne Resources in POP and Has Local Number Access Corporation Has Dedicated uOne Resources

Cisco AVVID Voice Attributes

Already delivered :

L1SC0

ﬁ-.
AVYVID

Lower total cost of ownership s '.-.

Highly scaleable architecture

High availability

Distributed architecture

Rapid application deployment

New Cisco AVVID Voice
Attributes

Open Service
Application Layer

New World Applications

Services Plane

Improved customer care

call Open Call

Enhanced workforce efficiency e =

Leverage converged infrastructure

Connection
Control
Standards-Based
Packet Infrastructure
Layer

Open Systems Partner Program I
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Cisco AVVID - an End-to-End

Architecture
Clients — Applications

-
set SUppo,

IP Phones

Content
Servers

Manageable Open
Available Scalable

Announcing AVVID Applications

IP Phone 7960 Display Services
IP SoftPhone
* IP Auto-Attendant

« IP Interactive Voice Response

+ Cisco Web Attendant

+ Cisco uOne Messaging for the enterprise
* IP Contact Center—IPCC

Adding Voice and
IP applications

Internet Catalyst

Glcaluln
T all _W_ L]
/ 1P WAN > R&L,@J{w D

\;t‘~;//ﬁ%ﬁmma
St 00000

IP Application Deployment
Advantages

+ Scalable applications span time and distance

+ Ease of integration

* Rapid deployment

» Leverages existing applications
directories, web sites, message stores, calendars

AVVID Architecture

Partners .
Collaboration e d IPIVR, IP AA
Intelligent Apps Engine
Contact

CiscouOne (&P Manager ™ 1
Voice Mail, UMS Video Voice Portal

« PSTN gateways
« Analog phone support

« DSP farms
IP SoftPhone

The World Is Now Global—

All Applications Must Span Time and Distance

Voice Enabling the Network

Internet Catalyst

Glcaluln
T all _W_ L]
/ 1P WAN ‘/*- R&L,@J{w D

K,;‘;;/;ﬁﬁﬁmma
v " 00000
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Cisco Catalyst 4K/6K Ethernet Line Card

With Inline Power Option

48-port 10/100 Ethernet
switch line card, with
optional Inline Power
daughtercard

Provides Inline Power
to IP phones

Intelligent
auto-detection
of IP phones

Manageable via SNMP

WS-X6348-RJ-45

IP Telephony

Internet Catalyst
Switches

PSTN

Add Web Attendant

Internet Catalyst i

Shitches|
— F‘ ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ e
{ 2 =
1P WAN )
_ - f
PSTN %

Single System Management

- Pad Bl i L

Common management interfaces r__
SNMP, XML, Telnet, TFTP

= —
Common access via IP —
Common end host tracking: @

Track all end host devices within one

system (phone, laptop, workstation) ) ]
Reduced operational costs _

No provisioning of adds, moves and

changes o= e
kit | i it P ok

Individual Productivity

P 7960 Display Applications

- IP Telephony Appliance
- Corporate directory

} integration via LDAP
John Chamb ] . . . .
CDES, Prosident | - Web site integration via
XML

- Personalised menus via
softkeys

- Context-sensitive help

- Open interface for 3rd
party app development

- Intelligent, programmable
services

Cisco Web Attendant

g aggn SR |

T e e 1Y P I S VR P fe

Allows receptionists
to use any phone as
attendant console

Drag and drop users
via LDAP
Benefits:

Expensive hardware
not required

Can berun
from any
connected desk
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Add IP Softphone

-

Internet Catalyst
ulenes 1]
—_— A

4

T
3
z

PSTN

IP SoftPhone—Fingertip Features

Media termination allows office
extension mobility

Improved productivity

GUI based interface for phone
control (drag and drop)

Easy feature access

One click conference, transfer &
collaboration

NetMeeting

Directory integration

Personal and Public (LDAP)

Dial by name/email address -l
Standards based TAPI

integrati ( R i
ntegration S i -

Add IP Auto Attendant
d IP Interactive Voice Response

Internet

Y

E-Services Application Engine

External

Services Packaged Solutions

IP IVR
Voice Portal

Auto
Attendant

Application Toolkit

Technologies
Notification Services
Notification Queuing (ACD)
SEIVED Personalized Apps
Customer. Apps

WenlPages Eqliarofise
Dzrzzse

Rapid Update Productivity

Voice Portal Solution

Call Manager IP IVR

Cisco Stock
Quote

« Extracts XML information
from web page into IP IVR
« Benefit

Only one place to configure
and maintain data

Press #1 to Hear
Cisco Stock Quote

Consistency

Lower admin costs

Notification Services

« Automatic notification

- triggers based on back-end
system changes

- thresholds pre-defined
+ Notification can be sent
to:
-phone display
- beeper
- remote device
- Ease of administration

- one place to configure and
maintain data |
- provides basic e-CARE Page Me when
- easily personalized Inventory Arrives
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IP Auto Attendant

Rlayirompt “Ifyou know the
“Welcome to. extension, please
XYZ company” enteritnow, or press

by name’

Overflow from “live” attendant
Dial By Name
Can be deployed anywhere in IP network

Play Prompt: Rlay Prompt:

“Please spell
#1o spell - by namer

+ Complete IP-based IVR

« Allows customer to find
information: i.e. bank
balance

» Benefits:

Easy to configure:
drag and drop

Location independent

Many solutions can
use same IP IVR

Can be deployed as
workgroup IVR

Easily personalised

Play Promp
“\Welcome to)
First: Bank”

Play Prompt:

“FFor account balance, press 1
Tjo)transfer: funds, press 2
For loans, press; 3|
ji0 speak withianiagent, press 0"

Blay Prompt RecalllData:

s | Your balance
and PIN code! IS $4000.007"

Add uOne Voice Messaging

Internet mﬂ D

- Ll [t “y

PSTN

uOne Voice Mail Scalability

+ Seamless dial by
name, lists,
distribution groups
with common
directory

+ 10,000 users in one
virtual system, single
administration

* Interoperate with other
AVVID applications
including Personal
Assistant (future)

Call Manager

Directory

Add ICM

“Catalyst :

Internet

PSTN

The IP. Contact Center

Intelligent
Contact
Management

Agent
Desktop

Integrated
Voice
Response
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Customer Care Add Cisco Collaboration Server

IPCC

and Cisco email Manager

*Catalyst

Internet
Corporate

Network
with Cisco
10S Network.

= Location and media Independence AR,

» Rapid application deployment

« Lower cost Total cost of ownership

, « Contact Centre Specialisation

Cisco eMail Manager Partner Categories
= Unified Messaging: Active Voice, AVT ACTIVERvoICE
« Flexible, extensible and highly scalable email response . Call Centers: Interactive Intelligence
management (ERM) system le'._“ma - Call Acctg: IS, , Telemate, Integratrak
pa it
« Allows companies to processes email inquiries based + E-Conferencing: Latittude
on a flexible, customisable system of rules [N + E911 Tracking: SCC
Latitude - End point access: Symbol, Circa
« Key features:
< Application Server Mgmt: SRR TP
Integrated Research
CRCA ¢
o IVR Integrators: Gold Systems, Spanlink, NEC
x
ls' + Network Analysis: Fluke, Shomiti
% POLYCOM GOLD SYSTEMS “7‘ integrated
Customer interaction solutions that work (1] research

AVVID the complete solution

Partners @

pr=x| Call
=k Manager

AVVID Installation in Retail

ﬁ j Iil Sports Soccer

Video » Leading sports retailer in UK and Belgium
! » Manufacturer, of Doennay Sports equipment

Business Issues
» Poor. communication between head office, 100
« PSTN gateways X
Y+ Analog phone support branches and regional managers

ct .
’ * DSP farms « Cost of separate voice, CCTV and data systems
ot i*j . * No branch access to corporate network
o © . 5 . a .
Clients Lack of real time information and control
« Unreliable dial up access to EPOS systems

-
The World Is Now Global— OD (A ‘\
All Applications Must Span Time and Distance =/
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AVVID Summary

« |IP telephony has proven acceptance by
Enterprise customers

« AVVID delivers high scalability
and availability to the enterprise

* New World Applications improve
productivity, customer care and
deliver competitive advantage

- AVVID's open approach partner
ecosystem enables choice

Cisco Svsrems

®

EMPOWERING THE
INTERNET GENERATION™
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