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Cisco 7936 IP Phone, 133
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replacement, 117–134

security, 139–141

switches, 97–102

Unity integration, 230

video voice calls, 141–144

Cisco CallManager Administration 
web interface, 99

Cisco CallManager Express (CME), 
145–147

Cisco Catalyst 6500 multilayer 
switches, redundancy, 65

Cisco Connection Online (CCO) 
accounts, 45

Cisco Discovery Protocol (CDP), 117

Cisco Emergency Responder (CER), 
116

Cisco IP Communicator, 131

Cisco IP Contact Center (IPCC) 
Enterprise Edition, 237

Cisco IP Contact Center (IPCC) 
Express Edition, 236–237

Cisco IP SoftPhone, 130

Cisco IP/VC 3540 MCUs, 144

Cisco proprietary inline power, 120

Cisco Unity, 229

CCM integration, 230

PBX integration, 231

Cisco Unity Express (CUE), 146

class of service (CoS)

configuring, 112–117

marking, 191

remarking, 193

Class-Based Weighted Fair Queuing 
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PVC (permanent virtual circuit), 84

Q
Q.931 signaling protocol, 80

QoS (quality of service), 180

AutoQoS, 217

bandwidth, 180–181

case study, 218–221

configuring, 181

congestion management, 194–207

traffic

compressing bandwidth, 214–217

setting speed limits on, 207–214

voice, 186–193

quality of service. See QoS

quantization, 39

queuing, 194–207

Catalyst-based, 201

CB-WFQ, 199

FIFO strategies, 183, 195

FQ, 196

LLQ, 200

PQ, 198

WFQ, 196



300

R
random early detection (RED), 203

RAS (Registration, Admission, and 
Status), 160
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speed limits, 207–214

violating, 211

traffic engineering, 49

trained ears, 48

transcoding resources, 135

Transmission Control Protocol. 
See TCP

Triple Data Encryption Standard 
(3DES), 141

troubleshooting

MTBF, 64

MTTR, 64

quantization, 40

trunks, 6, 124

calculating, 51

interoffice, 6

replacing, 68–70

trust boundaries, 193

type of service (ToS), 188

types

of calls (H.323), 162–164

of compression, 45

of dialing, 15, 74

of networks, 8

of PHB, 189

of signaling, 6, 11–23, 72

U–V
UACs (user agent clients), 169

UAs (user agents), 169

UASs (user agent servers), 169

undersampling, 37

unified messaging, 227–231

Unity (Cisco), 229

CCM integration, 230

PBX integration, 231

UplinkFast, 67

User agent clients (UACs), 169

User agent servers (UASs), 169

user agents (UAs), 169

VAD (voice activity detection), 44

verification, identity, 140

verification, identity
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video

CCM, 141–144

MeetingPlace, 231

violating traffic, 211

Virtual Router Redundancy 
Protocol (VRRP), 66

VLANs, auxiliary (IP Phones), 123

voice

network design, 23–29

QoS, 186–193

voice activity detection (VAD), 44

Voice Bandwidth Calculator, 45

voice intelligence, 39

voice mail services, 227–231

voice-enabled Ethernet switches, 19

Vonage, 87

VRRP (Virtual Router Redundancy 
Protocol), 66

W–X
WAN (wide-area network)

call processing model, 110

oversubscriptions, 161

waveforms, encoding, 42–49

web collaboration, MeetingPlace, 231

Weighted Fair Queuing (WFQ), 196

Weighted RED (WRED), 175, 205

Weighted Round Robin (WRR), 201

WFQ (Weighted Fair Queuing), 196

wide-area network. See WAN

windows, sizing, 202

wiring, telephony networks, 4

WRED (weighted random early 
detection), 185

WRED (Weighted RED), 175, 205

WRR (Weighted Round Robin), 201

XML (Extensible Markup 
Language), IP Phone support, 122

video




