
Index
• Numerics •
100 Trying SIP response, 53
180 Ringing SIP response, 54
183 Session Progress SIP response, 54
200 OK SIP response, 54–55
300 Multiple Choices SIP response, 55
301 Moved Permanently SIP response, 55
302 Moved Temporarily SIP response, 

55–56
305 Use Proxy SIP response, 56
380 Alternate Service SIP response, 56
400 Bad Request SIP response, 56
401 Unauthorized SIP response, 56
403 Forbidden SIP response, 56
404 Not Found SIP response, 56
405 Method Not Allowed SIP 

response, 56
408 Request Timeout SIP response, 

56–57
410 Gone SIP response, 57
415 Unsupported Media Type SIP 

response, 57
480 Temporarily Unavailable SIP 

response, 57
487 Request Terminated SIP response, 57
500 Server Internal Error SIP 

response, 57
503 Service Unavailable SIP response, 

57–58
504 Service Time-Out SIP response, 58
505 Version Not Supported SIP 

response, 58
600 Busy Everywhere SIP response, 58
603 Decline SIP response, 58
604 Does Not Exist Anywhere SIP 

response, 58
606 Not Acceptable SIP response, 58
911 calls, 145–146

• A •
access codes, 288
access fees, 16–17
accounts, resold, 32–33
ACK method, 46–47
activating

billing structure, 177–178
deployment report, 176–177
overview, 165
scheduling install, 166
test plan, 166–176

active call, 168
additive noise, 118
ALG (Application Level Gateway), 301
“all circuits are busy” message, 258
analog cards, 333
analog phones

analog phone call compared with VoIP 
phone call, 10–11

line bypass, 287–288
testing, 174–175

Analog Telephone Adapter (ATA), 21–22, 
150

analyzing
bandwidth, 107–109
call quality, 262–263
call route, 191–193
calling profi le, 153–154
calls, 335–336
intermittent problems, 141
network design, 100–102
non-network problems, 142
stare and compare, 254
systemic problems, 139–140

ANI (Automatic Number Identifi er), 161
Application layer, 118–119
Application Level Gateway (ALG), 301

CO
PYRIG

HTED
 M

ATERIA
L



390 VoIP Deployment For Dummies 

area codes
North American dialing plan, 90–91
overlay, 36, 265
split, 265

assessment reports, 199–200
Asterisk/AsteriskNOW

benefi ts, 22–23
disadvantages, 323
software, 18
Web site, 18, 334
wiki Web site, 358

ATA (Analog Telephone Adapter), 21–22, 
150

AT&T access code, 288
attributes

providing unique, 65–68
ptime, 70–71
sendrcv, 72

audio
gain, 262
no-way, 303
one-way, 299–303, 345–346

Automatic Number Identifi er (ANI), 161

• B •
bandwidth

analyzing, 107–109
for call forwarding, 12
consumption, 140
handling latency with prioritization, 

110–111
managing, 109–114
myths, 15, 317–319
overview, 107
Re-INVITE method to reduce, 76
relationship with access fees, 16–17
resolving latency with packet shaping, 

111
separating VoIP from data with 

subnets, 112–113
Simple Network Management Protocol 

(SNMP), 108
T1, 332

VLAN (Virtual LAN), 113–114
VoIP compression, 331
VoIP and traditional use, 318
wasted, 77
Wireshark, 109

billing increments, 95
billing structure, 177–178
Billing Telephone Number (BTN), 31–32, 

161
Boolean values, 135
branding transmissions with Caller ID, 44
BTN (Billing Telephone Number), 31–32, 

161
buffers, 105
Bus LAN, 100–101
busy signal

confi rming treatment for, 169–170
fast, 259

BYE method
compared with CANCEL method, 210–

211
ending calls with, 48

bypassing
analog line, 287–288
Internet providers, 284–286
VoIP carrier, 286–287

• C •
calculating, calls per second, 125–128
Call Detail Records (CDR)

analyzing calls with, 335–336
components, 124
using, 94–95

call examples
defi ned, 275
providing, 275–279
shelf life, 276
VoIP-specifi c requirements, 277

call forwarding
limiting, 44
problems, 12–13
using VoIP for, 92



391391 Index

call plan
advanced phone features, 86–95
basic phone features, 82–86
overview, 80–82
phone system, 79–82
validating features, 175–176

call quality
analyzing, 262–263
due diligence, 268–269
evaluating with MOS, 190
myths, 320–321
problems, 142
relationship with codecs, 72

call route analysis, 191–193
call volume

determining peak, 123–125
overview, 158–159

Called Party Number (CPN), 161
Caller ID

advantages, 142–144
branding transmissions with, 44
disadvantages, 142–144
manipulating, 343–345
troubleshooting, 309–311

calling profi le, 153–154
calls. See phone calls
calls per second, calculating, 125–128
CANCEL method

canceling SIP calls with, 210–214
compared with BYE method, 210–211
ending calls with, 48

canceling SIP calls, 210–214
capture

listening to in Wireshark, 237–238
locating touch tones, 238–240
packets remotely, 195–197
with tcpdump, 220, 226–228
with Wireshark, 220, 228–229

cards
analog, 333
Digium interface, 23
interface, 80

carriers
bypassing, 286–287
local, 329–330

long-distance, 288, 326–327
relationships, 348–349
support, 362–363
trouble reporting structure, 274–275
uniformity of process, 350–351

carryover, relationship with CDR, 95
CDR. See Call Detail Records (CDR)
cell phone, identifying global problems 

with, 293–294
central offi ce (CO)

reallocation to new, 266
relationship with call routing, 261

change fees, 34
checking

fax transmission, 170–171
T.38 fax calls in Wireshark, 240–243
voicemail, 175–176

choosing
codecs, 156
fax choices, 160
IP provider, 158
protocol, 155–156

class 4 switch, 145–146
class 5 switch, 145–146
clipping

calls, 262–263
defi ned, 71

CO. See central offi ce (CO)
codecs

elements, 72
Mean Opinion Score (MOS), 73–74
overview, 72–74
selection, 156
types, 73, 318
using, 74–78

comfort noise, 119
compatibility

myths, 18–19, 321–322
Wireshark, 220–221

completed calls, reviewing, 206–209
complexity myths, 322–324
compressed VoIP charges, 17
compression

ratio of codecs, 74
VoIP, 331



392 VoIP Deployment For Dummies 

computer programming, 339
conference calls, 83–84
confi guration information

call volume details, 158–159
listing servers, 154–155
local loop replacement, 148–149
ordering VoIP, 150–151
overview, 147
signaling basics, 155–158
standard usage, 151–154

confi rming
billing structure, 177–178
privacy, 162–164
treatment for busy calls, 169–170
treatment for failed calls, 169–170

connection, host, 111
console mode, 94
consumption of bandwidth, 140
contracts, 353
costs

access fees, 16–17
hardware costs, 17
hidden, 347–348
Internet port, 317
LNP (Local Number Portability), 33–35
local loop, 317
myths, 15–16, 315–317
overview, 16

CPN (Called Party Number), 161
creating, one-way audio, 345–346
customer service, fi rst-tier, 274–275

• D •
Daisy Chain LAN, 100–101
Data Link, 116–117
datagrams, 117
dead air, 259
deconstructing local calls, 254–257
Denial of Service (DOS)

attacks, 341–343
relationship with overloaded 

servers, 14

deployment
Packet Island software, 182
report, 176–177

deprecates, 129
design

analyzing network, 100–102
basic LAN, 100–101
process of VoIP, 138–139

desired noise, 119
determining

MOS (Mean Opinion Score), 121–122
peak call volume, 123–125

devices
managing, 108
Packet Loss Concealment (PLC), 105

dial plan
advanced phone features, 86–95
basic phone features, 82–86
overview, 80–82
phone system, 79–82
validating features, 175–176

dialing
calls, 157
toll-free numbers, 145–146

Digium interface cards, 23
distribution (distro), 222
DNC (Do Not Call) list, 162
DNS (Domain Name System), 42
Do Not Call (DNC) list, 162
Domain Name System (DNS), 42
DOS. See Denial of Service (DOS)
double-clicking, 183
downloading

Wireshark for Linux, 222–224
Wireshark for Windows, 221–222

dropped calls, 260–261
DS-1 benchmark, 126
DS-3 benchmark, 126
DTMF (Dual Tone Multi Frequency)

In-band transmission, 128
locating tones, 238–240
problems, 306–307
tones, 28, 66–68, 128–129



393393 Index

Dual Tone Multi Frequency. See DTMF 
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