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Cisco is Leading Company in VolP world

[ — Cisco.com

CY01 Q2 WW VolP Equipment
(includes LAN Telephony, Enterprise & Service Provider)
Total Revenue Estimate = $400M for Q2
Source: "Voice-over-IP Equipment”, Synergy Reserach, August 2001
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Cisco VolIP (Toll Bypass) Solution
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Technical Issues
S4 SA I& 2 (Losses, Delay, Echo)
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1. Packet Delay (X|CH 150 ~200ms &1 &)

" High Quality =
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2. Packet Losses (2F 3 X 2| Packet Loss= MOSgt2 2.4 Xl L&)

3. Echo Problem
Central Office Receive
Direction
2 Wire Local Loop
_— e
< 2w-4w
S &D Rx & Tx Hybrid
Superimposed
q Transmit
Direction

Technical Issues — Codec & Bandwidth
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v Wan HHZE x| A 31513 A Data, VoiceSE 2 28t SH 2= D=

v 2t Codec2 Bandwdth

Voice Payload in Packets per IP Bandwidth per

Sampling Rate

Bytes conversation
G.711 20 msec 160 50 80 kbps
G.711 30 msec 240 33 53 kbps
G.729A . 20 msec 20 50 24 kbps
G.729A 30 msec 30 33 16 kbps

v WAN 2l EDHX A & # S 322 Bandwidth

Ethernet PPP ATM Frame-Relay
CODEC 14 Bytes of & Bt @St e 53 Bytes Cells with a 4 Bytes of
Header i 48 Byte Payload Header
G.711 at 50 pps 85.6 kbps 82.4 kbps 106 kbps 81.6 kbps
G.711 at 33 pps 56.5 kbps 54.4 kbps 70 kbps 54 kbps
G.729A at 50 pps 29.6 kbps 26.4 kbps 42.4 kbps 25.6 kbps
G.729A at 33 pps 19.5kbps . 17.4 kbps 28 kbps 17 kbps




Technical Issues — QoS (LLQ)
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|
Pl mmm
Voice Packets Que7 \

\ 1

Configurable Transmit
Queues Scheduling

Flow Classification: Scheduling:
« Source and destination address = Voice strict priority

« Protocol + Data fragmented and interleaved

- Session identifier (port/socket) | « Classes of traffic with BW guarantee
» Access Lists + WFQ for BE traffic

« Classes '
+ IP Prec/DSCP

* BW and latency guarantee - sufficient for voice

LLQSZ &2l (Voice + ClassZ Data)

[ — Cisco.com

SNA (Classl) SNA (Class1)
lass

Oracle (Class2)
H Oracle (ClassZ)
HTML(Class3)

HTML(Class3)

JIEH IOl E JIEL GIOIE]




Voice Bearer and SignalingE Port H S
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RTP Voice traffic: even ports (e.g 16384)

Yv v

RTCP Voice control traffic: odd
ports (e.g 16385)

\ 4

Class1

Class2
TCP H.323 call control traffic: TCP 1720

TCP H.323 RAS control traffic: TCP 1719

>
Other Traffics Low Weight in WFQ

» Bearer: RTP traffic of the media stream (UDP 16384 ~32767)
» Signaling:

« RTCP:RTPS 2 ZE

» TCP: H.225/H.245 Traffic (RAS:1718~1720, H245:11xxx)

+ Skinny = TCP 2000-2002

* MGCP = UDP 2427, TCP 2428

Technical Issues
LFI (Link Fragmentation and Interleaving)

Cisco.oom
QoY Z2 HEE Packet2 2 218t Voice packetS] waiting time S}

e

! Data (1000 bytes)

QO Data PacketS Voice2} 22 3J|2 &=

0O A& J|= (Link speeds up to ~ 1.5M)
—  MLPPP LFI
- FRE.I2




CAC (Call Admissions Control)

Cisco.oom

Call Admission Control (CAC) = QoS 2 20|
VolP2 S& S =0|J|2oH UIE<= 2| Resourcel|
(2} Ciscolil Al Ml =23+= Voice Control J|=

Example: WAN Bandwidth for 2 Calls Only

PBX L e — PBX
x1111 ). = call#2 N = APx1111
2 p— o o #3/ Vr\?;fw?;tka i@_/q ‘ 1112
/ b4 a h. — 7
X1113usy tone to Caller#3 ;77/\,,,,7//"*' &5 X113
Call #3
Causes Poor Quality for ALL Calls
Cisco2| Voice QoS Summary
Low Speed WAN Links(2MbpsO| 8?)
[ Cisco.oom
Frame Relay Point-to-Point (VMILPPP)

Classification & Marking
* IP Precedence/DSCP

Classification & Marking
* IP Precedence/DSCP

» Access Lists (TCP/UDP ports)
Traffic Shaping
» Frame Relay traffic shaping

Queuing (and Scheduling)
» LLQ priority class
Voice QoS
* FRF.12
+ CRTP (If desired)
» VAD (If desired)

- Shape to CIR on PVC carrying voice

- DTMF Relay (depending on codec)

* Access Lists (TCP/UDP ports)
Queuing (and Scheduling)

» LLQ priority class
Voice QoS

« MLPPP LFI

« CRTP (If desired)

* VAD (If desired)

- DTMF Relay (depending on codec)




Case Study for QoS

/\ Internet @
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C7507 <« A C7507
A1)
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Combined Internet data &
Voice using each line

-Data, Voice SAl =8

-RIOI =2U* X =g,
-R20I 2U* XIE, el H XS HE
-R30I 2L XIE, ofe* W X8 NS

CRE=

- & 2E& QoS

o dCRTP
o FRF.12

0 LLQ (PQ-CBWFQ)

VoIP Design (Gatekeeper Al £)

> J|'sS (Functions)
» Address Translation ( Call Routing)
* Admission Control (Gateway registration)
« Zone Management

» Platform (26/36xx, 3810,72xx)

Small Network - Gateways only

» Fault Tolerance
* HSRP GateKeeper

10.50.1.1

"HSRP
10.1.1.1 %@% 10.1.1.2

“%
)
NS =
& &

Small Network - simplified with a Gatekeeper

* Alternative GateKeeper

Cisco.oom




VoIP DesignAl 1024 A&

[ — Cisco.com

VolIP DesignAl 1121 AHEt

- PBX2} HZ&: FXS/IFXO, E&M, PRI, R2
« Call control: GKAI20H S & {IX|
Dialplan2| & & 2ot
* Codec: G.711/G.729/G.723
(Call® (= 23H)
*+ QoS: LLQ, cRTPAIE {8, CAC
« WAN2t: LFI (FRF.12/MLPPP)
- Tl © 27
v Branch:1750/2611/3620

v HQ:3660/3640/72xx/75xx R3
« Service: FAX, IVRAIR 018 ﬁ\fgfg é 1
* Voice Backup: VPN or PSTN ,
oice Backup or PS e =
10.11 10.12
VoIP Application (2SS £28)
| — Cisco.com

Q IP Multicasting2 0|28 %4 &2 H (S2I|1H, 22K, SS)

Q JIZE 2| Point-to-PointZ &l 2Lt 3| & AL 2| Cost saving &
el A H8 ZA

+ MulticastE 0 & &t Point-To-Multipoint 24!

aj

2} XI & 0tCH Point-to-Point2
128l 0k &
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Ciscol| &S &= & Summary

| Cisco.oom
Traditional Problems Cisco’s Solution

IExpensive multi-drop circuits I == | Cisco2| IP Multicasting=S
0/ 28t Point-to-Multipoint

| Difficult to manage I =) | Cisco Network Management

I Proprietary solution I — Standards such as IP, RTP,
G.729, VAT etc.

O Ciscots £ @2 2F
= AESS AoH JIES VoIPUIAH M= 0] CodecE ALE Jts > TS 25
=StLIS Sl Z 0] NIF 0l SAI0 &E JHs (Cost Saving)
» &S End-to-End2&0| Ol s 822 SE &4 & atel Boy
= IP MulticastingE AIE8& 22 M WAN Bandwidthe| & 9}

Fax Over IP (Fax Relay)

[ — Cisco.com

* FaxrelayS 98t SFI Xl 2 8: Cisco Protocol and T.38
+ Ingress GW receives T.30 & T.4 fax signals from PSTN

+ Fax signals get demodulated by DSP, packetized, and transmitted across
VoIP network as data

+ Egress GW decodes the data stream and re-modulates back to fax
signals to be transmitted to the PSTN

P _ RTP w/ Special PT
T % RTP/UDP % —

Originator Terminator

Switchover Fax over IP
+—>
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Technical & Product Updates
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> Cisco 7500 Al2I =0 A2l VoIP QoS &4t

+10S 12.2.x2 & VIP Modulel A 2| dCRTP/ALLQ H & J}S2 2 VoIP S8 FZ % Performance & &}

S

(B 28 20 A J1E2] 7500 tRE 0 VoIPIISSE HE A8 T)
* 1Port Voice Module > (PA-VXA-1TE1)

> VoIP2 0l Al 2] Redundancy SF&f2 2|8t D= - t™ A
« GatekeeperOll A HSRPE & It 5
« Alternate Endpoint 7| 5 (Gateway)t S/US B U E GatewayZ S5 EH)
« Alternate Gatekeeper J| S
« PSTN Fallback J| S (Hairpin 7| S)

> Performance & S ?I8t H3232 M222 Jl=
* H323 FastStart J| S (call setupAl 2tS =)
« H245 Tunneling J| = (22 2 8t signalingS M H)
« Gateway 2} GatekeeperS &t platformOl Al S Al AFEJtS

Ja
0P

» NM-HDA With 12FXS+4FXO for C2600/3600 Series
<M OILZ2 D ZEXRE SIHAMZ =2 F0
23| FXS/FX02 =XtE &= Its

> Small OfficeE & & Gateway (ATA Series)
= Analog 2 Port X| &
* H323, SIP XI 2

Cisco VoIP Summary - 0| &

@ J|ZE IP Network Infra (Router)2l 0|22 Q18 &ZH| AIE S8
= HitE ROIZ Cost Saving

Cisco.oom

oEAY U SES HB
« Open standard 2 0|8 (PRI, MFC R2, H323/MGCP/SIP)
« MOl VoIP Gateway MarketOl Al QI HE S84 U otF Y
+ 2229 34 partyE2 Ciscol GWe S&td HAEE 6t US

o S& oS 98 TS toolMS
*QoS: M8 FHIE AI2E TR 210| XS CIE toolAtB Jts
-> Voicell Q0SE M8 AL QoS M8 TUIS 018 £ 8IS
- 24 IPJI£ S 018 (MLPPP/FRF.12/cRTP/RTR(SE Hl 2 Epacket)

o TOMI} 22 Ct 8t Call Controldl= WIS
 Gatekeeper2] Ct2st EE X|& % backup Jl1s X3
-> GUP, LLQ, Alternate GK, Alternate Endpoint
« APIE 21 822K Xal0ll %= control/billing applicationg W Jts
-> GKTMP, RADIUS

o Ct28t Application XI&
* IP Multicast& 0|28 2& £ 4, gateway XA VR &2 8 S,




Cisco Voice Gateways
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Catalvst 4000 .
—

Catalyst  Catalyst 6000 -
4224 Cisco
7200-VXR
isco 35800
-

Cisco AS5300

—
ICS 7750

| —
Cisco MC3810

~ . Cisco2600 Cisco 3600
Cisco 1750 e g
-

ATA 18x (ﬂesnldential GW)
Cisco VG200

Demonstration Overall Topology

Cisco.oom

Demo plan:
1. Voice call between analog phones

under traffic congestion with Low-

Call
Manager pC Allllalog Latency Queuing for QosS.
phone 5 Voice call between 7960, softphone,

—_—

E;l/ Ve VTGO with Personal Assistant
== functionality.
4lyst 4224
Personal
Assistant ﬁ_ -
E '
‘=1 Aironet
= -

Softph PC‘ h JJJ‘Q
oftphone :)\))

7960 IP phone

Serial Link

Catalyst 4224

Compaq iPAQ
running VTGO

13



VolP Call With QoS over Low Speed Wan Link

SLow—Laten% Queuing) i

1. Catalyst 4224 (2)
* VIC-2FXS voice/fax interface card

* WIC-1T
2. Analog phone (2).
3. PC for traffic generation (2)

== F@

V—— Serial Link 64kbps
FTP traffic FTP traffic
4./ 4./

analog analog
Phone Phone
(1000) (2000)

.m.WMh T |

Cisco.oom

Cisco IP Telephony Solution

14
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Voicel | =2 N2 82 2t &k

Open Service
Application Layer

—,

|- Open/Standard
Interface

Open Call
Control Layer 5/

‘ [ Open/Standard /
Interface

+=>
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IP Phones Infras{liéture Gateways
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Cisco IP PBX A J{ — Call Manager

[— Cisco.oom
Em__i « Standard HTMLZ OI235t0{ &XI,
o, o= ﬂ-L:-_ o & A _IL,- o -c-_-!- = ?g,l\_’alj}g
sl 1crr oA dew| « Xl Protocol (Skinny, H.323, MGCP)

Lk gD PO =21 o PR

+ Media Convergence Server
platformstil JI22 =2 &XI& o
M3, M=% = CDE 0I856tH
=N OAl RS2 & = US

« YUBNO=Z AZE = Telephone2tdd
Jls& 8, Standard& 2=
EtAFSl Application AF2 JHs ( TAPI,
JTAPI)

. AIZ2EY 50,000 callOl & X &

« MCS &t & 2500 device XI&

+ ClusteringE 0835t Load Sharing
2! Fail over XI& -8 O

« & cluster® 10,000 device XI&

Cisco IP PBX 2 JH -IP Phone

Cisco.oom

Expansion Module 7914

7940 7935

7960

SoftPhone

16



Cisco IP PBX 2 )l — Inline Power

[ — Cisco.com

Catalyst Inline Power—Provides DC Power over Standard UTP Ethernet

48V DC Power

Catalyst 6000
Catalyst 4000

f?
Catalyst 3500 | ==
/ Ic> ]

Catalyst inline power Ethernet modules:
Catalyst 6000 10/100 modules can be field-upgraded
Catalyst 6000 support RJ-45 and RJ-21
Provides power over the signal pairs
Catalyst power patch panel for other switches

Cisco IP PBX 2 Jll — Voice VLAND| S

[ — Cisco.com

This Feature Provides Automatic Phone VLAN Configuration

\' Phone VLAN = 200 PC VLAN =3
tagged with VVID untagged

-
4

IP Phone: Desktop PC:
IP Subnet B IP Subnet A

No end-user intervention required

Extends the benefits of VLANSs to IP phones
Preserves existing IP address topology

Uses 802.1Q technology between switch and phone

17



Cisco CallManager Signaling Z X}

DHCPOIl RE = &t

Calls 2 =HIE 8.

2. TFTPOl CM9] IP address2 2J| Sldll 3¥ 23
3. IP Phone CMOIl S =611 Display Template2 811

| — Cisco.com
DHCP Call .
Server Manager X5201 Dials x5202
Cisco CallManager
7
2—E.164 Lookup
* 1N N\
] NN
| 1 AN
1 \ \ \\
[ 3. éay \
1. CallSteup! ) Setup\ \ 4.Alerting
—m L N N (Ring)
I 4Alerting \\
3 ] l(Ringba(:k) \\ \
[ \ \\
| \
1. IP Phone2 IP address, gatewayX 2 & 2UIJ| Flal ' * 7 Media \\ \G-Off Hook

lﬂ Connect X
RTP/UDP
« — #

x5201 x5202

Cisco IP PBX 2 Jf — Applications (XML)

& n
E

CallManager points -
to Content “Proxy”

Web Server ‘
(configured in IP
Phone Services
menu)

Proxy Web

Yasiool

Interne

firewall

Cisco.oom

. Cisco IP Phone HTTP Client
performs an “HTTP GET” for a
specified URL

-

2. HTTP Web server processes the

request and formats the data
returned

3. HTTP Web server returns the

HTTP response of XML objects

or plain text to the phone

4. Phone parses the HTTP
response header for
ContentType of “text/xml”

5. Phone presents data and

options to the use per the server

response

18



(VMS/UMS)

Cisco IP PBX A J{f — Applications :

» MS Exchange is I
used as the I

10,000
IP Phones

Cisco.oom
« Each Unity 30 ,E:;::gﬁ,; Microsoft Exchange 2000
server supports up servers -
to 5,000 users (48 Y
pOftS) Calﬂna:ager_cll:ster ‘-_. :{}0.‘:“ ‘....
| |

T - Unity 3.0

| s {:3_1 =] servers
S

message store 000000 T o T

:IP-IVR, IP-ICD, PA

Cisco IP PBX A J{f — Applications

[ —
] Interactive Voice Response \

* Can be co-resident -:ﬂ

with CallManager
MCS-7835-1000

e Built-in Auto

Attendant =
+ Can be used as o
part of IP-CC MCS-7825-800

] Personal Assistant \

Route calls according to time of
day, calendar, caller ID

Dispatch calls to user-defined
locations (office, cellular, home)

Integrates with speech
recognition system

Cisco.oom

| Intelligent Call Distribution |

Basic call IP-ICD l &£CM
queuing 0 o
Agents can be IE% LE%

distributed Agents S
~ T A 71\‘
across the WAN PSTN \W\IP J
For larger &YI T~
deployments, i = )
use IP-CC [
Personal Assistant
\\q..\(& Calendar| = Voice Mail
N =S Call
Cell ~ ( }’ Manager

Phone®s ‘psTNgzm  IP
; £

o/ — E? - % -
~~
1 DirectonA t

Home Phone IP phone/ SoftPhone

19



IP Phone /24 0l1 — Campus &3 &

Single cable for phone and PC
Inline power to phone sets

Ease of IP addressing plus adds, moves,
and changes

Quality of Service from the desktop

CallManager cluster for
redundancy and scaling

Support for 10,000
users per cluster ~

Multiple clusters |

allowed via H.322 T /

Cisco.oom

Headquarters

CallManager and VM & S0l 94X
Z 20l A Call Control ¥ 22|18 C} &

S A2ICMOI A 2500CHS] TP Phone= 22| IS
XIEOIA XAl Call Control2 & ZRISH=AR

50-User AtE Xt 0152 XIE Ol AHS

20



Headquarters ,fj

 CallManager and voice messaging = 2t ALO| EO{I ‘\\

fIXIGIHM AZ2 S&l Jts
Gatekeeper-based admission control O] JtS

2t AtOIE2H0l= 2 HcodecS 0IEHA S&l Ots

« IP WANO| Ct22 32, PSTN2 Z Back-UpJts

X &EOIA XAl Dial Plan2 JHX| 0 290 & LR
AEXIE100H 0142 ALOIENA AHE

Branch C

IP PBX Product Update — Gateway (Catalyst)

Catalyst 6000 — Enterprise Core
Catalyst 4000 — Regional Core
T1/E1 PSTN/PBX gateway

Analog PSTN/PBX gateway
(Catalyst 4000/6000)
Voice Network Service

— Audio Conferencing

— Audio Transcoding

Cisco.oom
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IP PBX Product Update — Gateway (4224)

[ — Cisco.com

* The Catalyst 4224 is a single-box small branch office solution
for offices with less than 24 users

* The Catalyst 4224 provides:
—IP Routing, but only IP

—PSTN and PBX voice gateway
—Onboard FXS connectivity and DSPs C—
—24 Ports 10/100 Ethernet switch with Inline power

—VPN and Encryption options

—Cisco IOS Survivable Remote Site Telephony

—Shares modular VIC and WIC interfaces with the Cisco 1600, 1700,
2600, 3600, and Cat 4K AGM platforms

IP PBX Product Update — Gateway (V(G248)

[ — Cisco.com

The VG248 is a high density gateway for using analog
phones, fax machines, and modems with a Cisco
CallManager system

The VG248 provides

* 48 port FXS connectivity

* lu 19” stackable unit

* 2 RJ-21 telco connectors
 Cisco CallManager 3.1 support

22



IP PBX Product Update —
MZ & J| S (Extension Mobility)

[ Cisco.com
Directory Call Mgr
i . [ L
Directory based phone log-in = cDa'cta
. . enter
Application XML based
. . CIL]
-authenticates to directory Web Server CP Server

-Updates CallManager with user extension

™
L]
DD@I’Y
-User’s extension is pushed to phone where N M
CICICRCT] 1“

login occurred
-User receives all personal settings D0A0 EIE
2

Applicable for mobile office environments dg
Offered with CallManager 3.1
Substantial cost savings benefits as ﬁ' L

(=P |
s smsili

IP Keyswitch for Branch Offices

Cisco.oom
- = o
- - Cisco Voice
- Manager—
= Centralized Dial
L [ Plan Management
== (Future)
N ADIUS Billing
Server

Gatekeeper

» Perfect solution for small “independently” run offices with up to 48 phones

« Provides call processing on the local router for Cisco 7910/7940 and 7960

¢ Provides many features for Cisco IP Phones—Xfer, hold, FWD, shared line, multi-line
appearance, POTs phones

« Leverages many voice features currently available in IOS such as DID, DOD, Caller ID,
ANI, Calling Name Display, T1 CAS, Analog FXS, FXO

23



IP Phone Case Study- Cisco (R IHAZFH)

[ — Cisco.com

OctelNet to Cisco

Remote Sites 902 NXX |

Octel VI [u

( OctelNet
526 /57 / /&525 853
NXX7" NXX XX\ NXX

4 Octel VM N\,

[ Next Step |

Trials of telecommuter IP phones

*  Upgrade LAN Infrastructure

for QoS
*  Unified messaging to replace Octel
*  Replace call-centres

526 Cluster (SJ Campus) with IP contact center

S

4

527 Cluster 525 Cluster

(& T2l IP Telephony &)

IP Phone Case Study- F& i &=

(EAVXIAL E2 Q)
[r————

* 10 MCS-7835 CallManager servers replaced 130
PBX’s

* 20 VM servers for 8000 people

+ Call processing only at four major hub sites

Cisco.oom

— Auckland, Wellington, Hamilton,

Christchurch
* Centralized call processing and administration
= =]
" Sl

Auckland  Wellingtol

H‘*’"\\ ! p

Y

i @
Hamilton ‘Po

24



IP Phone Case Study- &

F

I =2 Reference

—_—
OCTEL
Voice Mail

Inline Power’
atch Pagel

Cisco.oom

e E

Patch F

[Seoul Office]

=<

A <

Soft Phone

Cisco IP PBX Summary - 0| &

/ <IT22IXS Dol>

s NNRAIO 0|F Y &3
(LAN & N33 A
‘N22 22
Hes 220

- &3t 2 G
PSS

Cisco.oom

/ <Cisco IP PBX & —?—ﬁx

«EX HE R A2 2a

k

*« VPN2 0| E8&t IP Phone
(HEZ22 X0l CHS ®3HH] 2 A)

« X & 22| ResourceZ 2t
(data/voice S &)

* Cisco IP Phone2| Mobility &
Extension Mobility0| &

* Cisco IP Phone2 XML & UMS/
wm%%@@E%%ﬂ%%i/
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VoIP Vision & Target

[ — Cisco.com
[

Application

Cisco 2600/3600/ or Server
TAD2400 with IP
Key-Switch features Call Agent

O £

|
T

ST

f=Y=]=]

= ~
=S

Radius  Unified |:| Packet Long Distance
Billing = Messaging y provider e.g. IBasis
Server Server

Cisco Voice
M

It’s Time for VolP

[ — Cisco.com

« QlAIO| ME
< Voice= IPJ/E+9] Application

FS IMT-2000S 2| Z£/ Packet Voice Off
|[E 1P QIZCHE 0188 Lf&FEValuea e AHIAZE VoIP &9

* MicroSoft Windows XP2| SIPE J|Bt2 2 & VoIP MHIAE HIIZ 2 2=
End-User Jt Xl VoIP Application £ &

ol

0

J

= BT PSTN2 01.% ~ 5%& =2 Traffic 8+ E&ot1] US.

w
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Integrated IP Telephony

THTRTRT R T TA TR AT T TR T AT TN TN T Tt Cisco.com

Compaq iPAQ

Softphone PC 3 VTG(:os‘;);tware
TP phone IP phone (2000) 3\ ( )
7960 (1001) 7960 (1002) 3333
“ E Aironet

1. Catalyst 4224
2. Cisco 7960 IP Phone
3. Cisco Softphone
4. Cisco Call Manager 3.1
5. Cisco Personal Assistant
6. Cisco Aironet 350 Access Point
7. Compagq iPAQ with Cisco
Wireless Aironet Lan Card

Personal

Catalyst 4224 Assistant Call Manager
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