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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
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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 profile, 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 Identifier), 161
Application layer, 118-119
Application Level Gateway (ALG), 301
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area codes
North American dialing plan, 90-91
overlay, 36, 265
split, 265
assessment reports, 199-200
Asterisk/AsteriskNOW
benefits, 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 Identifier (ANI), 161

ol e

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
VolIP 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
confirming 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

oo

calculating, calls per second, 125-128
Call Detail Records (CDR)
analyzing calls with, 335-336
components, 124
using, 94-95
call examples
defined, 275
providing, 275-279
shelf life, 276
VolP-specific requirements, 277
call forwarding
limiting, 44
problems, 12-13
using VolP for, 92
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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 profile, 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 office (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
defined, 71
CO. See central office (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 VolP charges, 17
compression
ratio of codecs, 74
VolP, 331
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computer programming, 339
conference calls, 83-84
configuration information
call volume details, 158-159
listing servers, 154-155
local loop replacement, 148-149
ordering VolP, 150-151
overview, 147
signaling basics, 155-158
standard usage, 151-154
confirming
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, first-tier, 274-275
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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 VolP, 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
tollfree 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



Dual Tone Multi Frequency. See DTMF
(Dual Tone Multi Frequency)
due diligence, performing, 267-269

oF o

E.164 industry standard, 43, 157
e-bonded, 29
echo, 262
echo cancellers (echo cans), 262
end user of record, 33
Enterprise gateway, 21
environment, 19-20
error messages, 258
escalation list

sample, 364

support, 363-365

trouble tickets, 281-282
establishing, telephone-event

parameters, 71-72

estimating usage, 352-353
Ethereal. See Wireshark
evaluating

call quality with MOS, 190

network, 197-199
extensions

building, 86

Wireshark, 221

ofF e

failed calls, 169-170
fast busy signal, 259
fax requirements
overview, 129
sending uncompressed FolP with G.711,
129-130
T.37, 130-131
T.38, 131-135
fax transmissions
checking, 170-171
over VoIP, 28
selecting choices, 160
Feature Server, 25-26

fees
access, 16-17
change/modification, 34
installation, 34
LNP (Local Number Portability), 34
migrating, 34
monthly recurring, 34
fiber cut, 265-266
fill bit removal T.38 fax parameter, 133
filtering calls, 236-237
find-me-follow-me service, 333
finding
touch tones in captures, 238-240
VolIP calls, 232-238
firewall traversal options, 301-303
first-tier customer service, 274-275
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
flap, 106-107
FolP (Fax over Internet Protocol),
129-130
Foreign Exchange Office (FXO) ports, 23
Foreign Exchange Station (FXS) ports, 23
forwarding
limiting, 44
problems, 12-13
using VolIP for, 92
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

Index 393
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480 Temporarily Unavailable SIP
response, 57

487 Request Terminated SIP response, 57

frequency of call problems, 263-265

fully integrated VolP and data network,
23-24

future of VolIP, 339-340

FXO (Foreign Exchange Office) ports, 23

FXS (Foreign Exchange Station) ports, 23

oG o

G.711

sending uncompressed FolP with,

129-130

using RFC2833 with, 159
gateways, 21
gathering media-level information, 63-68
generating assessment reports, 199-200
graphing calls in Wireshark, 234-236
growing with VolP, 331-333
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H.323
Gatekeeper, 38
overview, 38-39
Hall, Jon, Red Hat Fedora Linux 2 For
Dummies, 2
handling
bandwidth, 109-114
calls with Packet Island, 203
devices, 108
latency, 103-107
one-way audio, 299-303
systemic problems, 139-140
touch tones, 128-129
trouble tickets, 279-282
hardware
costs, 17
gateways, 21-22
LAN, 20
nodes, 24
overview, 21-24, 332-333

phone system, 80

servers, 25-28

SIP end points, 24-25
header

message, 43-44

privacy, 162
help. See support
hidden costs, 347-348
host connection, 111

o]e
ICE (Interactive Communications
Establishment), 302-303
ICMP traffic flow, 193
icons used in this book, 4
identifying
frequency of call problems, 263-265
global problems with cell phone,
293-294
variables, 251-257
IEEE Computer Society Digital Library,
105
IETF (Internet Engineering Task Force)
Web site, 205
IMT (Inter Machine Trunk) failure, 308
In-band transmission, 128
inbound calls
checking source, 295-297
identifying global problems with cell
phone, 293-294
problems, 305-306
provisioning, 294-295
routing, 91
toll-free, 292
troubleshooting, 291-297
industry contacts, 356-357
industry diplomacy, 340
industry standards, E.164, 43, 157
installing
fees, 34
scheduling, 166
tcpdump, 225-226
Wireshark, 221-224
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Inter Machine Trunk (IMT) failure, 308
Interactive Communications
Establishment (ICE), 302-303
Interactive Voice Response (IVR)
system, 92
interface card, 80
intermittent problems, 278-279
international problems, 290-291
international standards, 205-206
Internet
port cost, 317
support, 358-359
Internet Engineering Task Force (IETF)
Web site, 205
Internet Protocol. See IP (Internet
Protocol)
Internet providers, bypassing, 284-286
InterOperability (InterOp) testing, 18,
351-352
INVITE method
allowing methods, 44
Call ID, 44
investigating Request-Line, 41-43
limiting forwarding, 44
Message Header, 43-44
overview, 40-41
Re-INVITE, 45
T.38 fax, 132-133
IP (Internet Protocol)
choosing providers, 158
overview, 43-44
priority levels, 110
sending, 117
isolating patterns, 265-267
issues. See also troubleshooting
call completion, 142, 257-261
call forwarding, 12-13
call quality, 142
cell phone, 293-294
DTMF (Dual Tone Multi Frequency),
306-307
frequency, 263-265
intermittent, 141
international, 290-291

LAN (Local Area Network) failure,
307-308
non-network, 142
non-voice, 306-307
systemic, 139-140
IVR (Interactive Voice Response)
system, 92

° ] °
JIP (Jurisdictional Indicator Parameter),
144, 161
jitter
buffers, 105
defined, 187
LAN testing, 136-137
latency, 105
seeing, 187-188
Jurisdictional Indicator Parameter (JIP),
144, 161

o/ o

lag, 95

LAN (Local Area Network)
converging technology, 336-337
design, 100-101, 339
failure problems, 307-308
hardware challenges, 20
packet loss on, 188-190
reporting on, 199-203
transmission types, 110

LAN (Local Area Network) testing
jitter, 136-137
latency, 136
overview, 135-136
packet loss, 137-138

latency
defined, 12, 103
flap, 106-107
handling with prioritization, 110-111
jitter, 105
LAN testing, 136
network, 103-107
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latency (continued)
overview, 103
pinging, 103-104
resolving with packet shaping, 111
layers
Application, 118-119
Media, 116-117
Network, 117
Physical, 116
Presentation, 118-119
Session, 118-119
Transport, 117-118
LCR. See Least Cost Routing (LCR)
Least Cost Routing (LCR)
overview, 86-89, 305
preventing fraud, 89-91
routing incoming callers, 91
LERG (Local Exchange Routing Guide)
database, 87
Letter of Authorization (LOA), 29
Line LAN, 100-101
Linux
downloading Wireshark for, 222-224
YUM development tool package, 223
listening
to captures in Wireshark, 237-238
for tones and tags, 258-259
listing servers, 154-155
LNP (Local Number Portability)
advantage of VolP, 337-338
costs, 33-35
defined, 29
process, 30
rejections, 31-32
resold accounts, 32-33
responsibilities, 35-36
tips, 29-30
LOA (Letter of Authorization), 29
local calls
deconstructing, 254-257
Web site guide, 88
local carriers, 329-330
Local Exchange Routing Guide (LERG)
database, 87

local loop
cost, 317
defined, 16, 149
VolP replacing, 148-149
Local Number Portability. See LNP
(Local Number Portability)
local users group, 359-360
locating, VoIP calls, 232-238
locating touch tones in captures,
238-240
long-distance calls
manipulating Caller ID for cheaper,
343-345
reviewing outbound, 251-253
long-distance carriers
calling out over, 288
myths, 326-327

ol o

m (media-level description), 61-62
managing

bandwidth, 109-114

calls with Packet Island, 203

devices, 108

latency, 103-107

one-way audio, 299-303

systemic problems, 139-140

touch tones, 128-129

trouble tickets, 279-282
manipulating Caller ID, 343-345
manual configuration, 302
max bit rate T.38 fax parameter, 133
max buffer T.38 fax parameter, 134
max datagram T.38 fax parameter, 134
maximum concurrent calls, 124
Mean Opinion Score. See MOS (Mean

Opinion Score)

media

defined, 10, 60

overview, 63-65

transmitting with SDP, 60-82
Media Layer, 116-117
Media-level description (m), 61-62
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Message Header, 43-44
messages (error), 258
methods
BYE, 48, 210-211
CANCEL, 48, 210-214
INVITE, 40-45, 132-133
NOTIFY, 51-52
OPTIONS, 49-50
PINT, 51-52
PRACK, 51-52
Re-INVITE, 45, 75-76, 214-217
REFER, 45-46
REGISTER, 47-48
SUBSCRIBE, 51-52
UNSUBSCRIBE, 51-52
UPDATE, 50
migrating
fees, 34
phone numbers, 34-35, 337-338
Minutes of Usage (MOU) report, 153
Misc traffic flow, 193
modes, console, 94
modification fees, 34
monitoring traffic flows, 193-195
monthly recurring fees, 34
MOS (Mean Opinion Score)
for codecs, 73-74
determining, 121-122
evaluating call quality with, 190
MOU (Minutes of Usage) report, 153
moving phone number(s), 34-35,
337-338
multi-node calls, 209-210
myths
bandwidth, 15, 317-319
call quality, 320-321
compatibility, 18-19, 321-322
complexity, 322-324
cost, 15-16, 315-317
long-distance carriers, 326-327
non-VolP phone features, 327-328
phone bill, 325-326
quality, 19

route path, 319-320
troubleshooting, 324-325

o\ o

NAT (Network Address Translation)
firewall traversal options, 301-303
overview, 300-301

network
analyzing bandwidth, 107-109
analyzing design, 100-102
evaluating, 197-199
gateway, 21
latency, 103-107
managing bandwidth, 109-114
MOS (Mean Opinion Score), 121-122
OSI Model, 114-121
outage, 265-266
overview, 99
VolP Lifecycle Management (VLM),

102-103
Network Address Translation. See NAT
(Network Address Translation)
network analysis
intermittent problems, 141
non-network problems, 142
overview, 139
retesting, 141-142
systemic problems, 139-140

Network Layer, 117

Network Management System (NMS), 108

Network OSI Model
Application layer, 118-119
first layer, 116
overview, 114-116
Presentation layer, 118-119
second layer, 116-117
Session Layer, 118-119
third layer, 117
transmitting UDP on fourth layer,

117-118
911 calls, 145-146
NMS (Network Management System), 108
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nodes, 24 transmitting UDP on fourth layer,
noise types, 118-119 117-118
non-network problems, 142 out call setup, 168-169
nonpromiscuous mode monitoring, 227 outbound calls
non-traditional troubleshooting, 360-362 failures, 304
non-voice features over another long-distance carrier, 288
opening up SIP-T, 160-161 troubleshooting, 282-291
overview, 159, 159-161 troubleshooting international
privacy, 162-164 problems, 290-291
selecting fax choice, 160 Out-of band RFC2833, 129
non-voice problems, 306-307 overhead
non-VolP phone features, 327-328 defined, 269
North American dialing plan area codes, of phone calls, 10-11
90-91 overlay area code, 36, 265
NOTIFY method, 51-52 over-modulation, 119

no-way audio, 303
“the number you have called has been ° p )
disconnected or is no longer in

service” message, 258 packet capture
listening to in Wireshark, 237-238
o 0 o locating touch tones, 238-240
remote, 195-197
Olejniczak, Stephen, Telecom For with tcpdump, 220, 226-228
Dummies, 11, 161, 282 with Wireshark, 220, 228-229, 306
100 Trying SIP response, 53 Packet Island GUI
180 Ringing SIP response, 54 call quality, 190
183 Session Progress SIP response, 54 jitter, 187-188
one-way audio overview, 182-185
creating, 345-346 packet loss, 188-190
managing, 299-303 packets per second, 186-187
opening up SIP-T, 160-161 stream info, 191
OPTIONS method, 49-50 Packet Island VolP Lifecycle
ordering Management software. See also
new phone numbers, 36 Packet Island GUI
VolP, 150-151 analyzing Call Route, 191-193
organization of this book, 3-4 deploying, 182
OSI Model evaluating VoIP network, 197-199
Application layer, 118-119 managing calls with, 203
first layer, 116 overview, 179-181
overview, 114-116 recommendations, 120, 136
Presentation layer, 118-119 remotely capturing packets, 195-197
second layer, 116-117 reporting on VoIP LAN, 199-203
Session layer, 118-119 traffic flows, 193-195

third layer, 117 Web site, 180, 324
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packet loss
on LAN, 188-190
LAN testing, 137-138
Packet Loss Concealment (PLC)
devices, 105
Packet Loss Concealment (PLC) devices,
105
packet sampling size, 156
packet shaping, 111
Packets Per Second (PPS)
overview, 20
reading, 186-187
parameters
establishing telephone-event, 71-72
JIP (Jurisdictional Indicator Parameter),
144, 161
T.38 fax, 133-134
P-Asserted-ID (PAID), 162-164
pattern isolation, 265-267
pattern matching
to prevent fraud, 89-91
routing incoming callers, 91
payload
defined, 10
types (PT), 64-65
Payphone Service Provider (PSP), 161
PDD (Post-Dial-Delay), 53, 259
performance monitors (PMs), 263
performing due diligence, 267-269
permissive dialing period, 266
phone bill
billing increments, 95
billing structure, 177-178
myths, 325-326
phone calls
active, 168
analog compared with VolIP, 10-11
analyzing, 335-336
canceling SIP, 210-214
clipping, 71, 262-263
completion due diligence steps, 268
completion problems, 142, 257-261
components, 10-11
conference, 83-84
deconstructing local, 254-257

dialing, 157

dropped, 260-261

ending with BYE method, 48

ending with CANCEL method, 48

failed, 169-170

filtering, 236-237

graphing in Wireshark, 234-236

inbound, 91, 291-297, 305-306

local, 88, 254-257

long-distance, 251-253, 343-345

maximum concurrent, 124

outbound, 282-291, 304

overhead, 10-11, 269

problem frequency, 263-265

queue, 84-86

redirected, 14

reviewing completed, 206-209

reviewing long-distance outbound,
251-253

routing, 261

setup, 10

toll-free, 292

treatment, 257

troubleshooting outbound, 282-291

viewing multi-node, 209-210

volume, 158-159

phone features

Call Detail Records (CDR), 94-95, 124,
335-336

call forward, 12-13, 44, 92

call queue, 84-86

conference calls, 83-84

console mode, 94

extension, 86

Interactive Voice Response (IVR)
system, 92

Least Cost Routing, 86-91, 305

non-VolP, 326-327

voicemail, 82-83, 175-176

X10, 93

phone numbers

area codes, 36, 90-91, 265

BTN (Billing Telephone Number),
31-32, 161
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phone numbers (continued)
moving, 337-338
ordering new, 36
porting, 29-36
prefix, 36
phone system
overview, 79-82
taking control, 334-335
phones
analog, 10-11, 174-175, 287-288
cell, 293-294
Physical layer, 116
PIC (Primary Interexchange Carrier)
Freeze, 32
picking up dropped calls, 260-261
pinging, 103-104
PINT method, 51-52
PLC (Packet Loss Concealment) devices,
105
plug-ins (Wireshark), 221
PMs (performance monitors), 263
Point to Point LAN, 100-101
porting phone numbers, 29-36
ports
Foreign Exchange Office (FXO), 23
Foreign Exchange Station (FXS), 23
Internet, 317
signaling, 156
transmission, 111
validating quality, 152
Post-Dial-Delay (PDD), 53, 259
PPS. See Packets Per Second (PPS)
PRACK method, 50
prefix, 36
Presentation Layer, 118-119
Primary Interexchange Carrier (PIC)
Freeze, 32
privacy
confirming, 162-164
header, 162
problems. See also troubleshooting
call completion, 142, 257-261
call forwarding, 12-13
call quality, 142
cell phone, 293-294

DTMF (Dual Tone Multi Frequency),
306-307
frequency, 263-265
intermittent, 141
international, 290-291
LAN (Local Area Network) failure,
307-308
non-network, 142
non-voice, 306-307
systemic, 139-140
processing
codecs, 72-78
software programs, 59
profile, calling, 153-154
programming, 339
promiscuous mode monitoring, 227
propagation delay, 74
protocol
choosing, 155-156
traditional telephony calls, 11
tree (Wireshark), 232
providing
call examples, 275-279
unique attributes, 65-68
proving
out call setup, 168-169
tear-down, 168-169
proxy server
defined, 26
SIP, 26-28
PSP (Payphone Service Provider), 161
PSTN (Public Switched Telephone
Network), 21-22
PT (payload types), 64-65
ptime attribute, 70-71
Public Switched Telephone Network
(PSTN), 21-22
purchasing analog cards, 333

o () o

-

QoS (Quality of Service), 158, 191
quality

myths, 19

validating port, 152



Quality of Service (QoS), 158, 191
queue, call, 84-86
Qwest access code, 288

o R o

rate management T.38 fax parameter,
134
rate shaping, 111, 195
Rawshark, 221
Re-INVITE method
G.729 with Proxy server, 75
overview, 214-217
Proxy unable to, 77-78
to reduce bandwidth, 76
sending, 45
reading packets per second, 186-187
reallocation to new central office (CO),
266
real-time MOS score, 121-122
Real-Time Transport Protocol. See RTP
(Real-Time Transport Protocol)
recordings, 260
Red Hat Fedora Linux 2 For Dummies
(Hall and Sery), 2
redirected VolIP call, 14
REFER method, 45-46
REGISTER method, 47-48
rejections, LNP (Local Number
Portability), 31-32
remote packet capture, 195-197
Remote Party ID (RPID), 162-164
reporting
structure, 274-275
on VoIP LAN, 199-203
reports
activating deployment, 176-177
assessment, 199-200
MOU (Minutes of Usage), 153
requesting deployment, 176-177
SLA (Service Level Agreement), 202-203
verification, 200-201
Verify (Standard), 199
VoIP Assess (Premium), 199

VolIP Assess (Standard), 199
VolIP SLA (Standard), 199
Request For Comments (RFCs), 18,
205-206, 357-358
requesting deployment reports, 176-177
Request-Line, 41-43
requirements
fax, 129-135
VolP-specific, 277
resold accounts, 32-33
retesting, 141-142
reviewing
completed calls, 206-209
outbound long-distance calls, 251-253
RF(C2833, 159
RFCs (Request For Comments), 18,
205-206, 357-358
Ring LAN, 100-101
route path myths, 319-320
routing
calls, 261
incoming callers, 91
RPID (Remote Party ID), 162-164
RTP (Real-Time Transport Protocol)
overview, 59
payload types (PT), 64-65

oS e

SBC (Session Boarder Controller)
capacity restrictions, 128
deploying, 301
failure, 308

scheduling installs, 166

SDP (Secession Depletion Protocol)
gathering media-level information,

63-68
overview, 59, 60-61
responding to, 69-72
session, 61-63
transmitting media, 60-82
Secession Depletion Protocol. See SDP
(Secession Depletion Protocol)
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Secession Initiation Protocol. See SIP
(Secession Initiation Protocol)
seeing jitter, 187-188
selecting
codecs, 156
fax choice, 160
IP providers, 158
protocol, 155-156
sending
IP (Internet Protocol), 117
Re-INVITES, 45
uncompressed FolP with G.711, 129-130
sendrcv attribute, 72
separating VoIP from data with subnets,
112-113
servers
Feature Server, 25-26
listing, 154-155
overloaded, 14
overview, 25
SIP Proxy, 26-28
SIP Registrar, 25
Service Level Agreement (SLA) report,
202-203
Sery, Paul G., Red Hat Fedora Linux 2 For
Dummies, 2
Session Boarder Controller. See SBC
(Session Boarder Controller)
Session Layer, 118-119
Session-level description, 61-62
setup
call, 10
out call, 168-169
T.38 specifics, 133-135
shelf-life of call examples, 276
showing stream info, 191
signaling. See also SIP (Secession
Initiation Protocol)
choices, 37-40
choosing IP providers, 158
choosing protocols, 155-156
how to dial, 157
overview, 155

port, 156
specifics, 156
telephony, 80
Signaling System 7 (S57), 160-161
signing off methods, 48
Simple Network Management Protocol
(SNMP), 108
Simple Traversal of UDP through NAT
(STUN), 302
SIP (Secession Initiation Protocol).
See also SIP (Secession Initiation
Protocol) methods; SIP (Secession
Initiation Protocol) responses
call trees, 217
canceling calls, 210-214
end points, 24-25
hardphone, 25
info method of DTMF, 129
node, 24
overview, 38-40
Proxy, 26-28, 157
Registrar, 25
SIP-T, 160-161
softphone, 25
User Agents (UA), 24
SIP (Secession Initiation Protocol)
methods. See also SIP (Secession
Initiation Protocol) responses
ACK, 46-47
BYE, 48, 210-211
CANCEL, 48, 210-214
INVITE, 40-45, 214-217
NOTIFY, 51-52
OPTIONS, 49-50
overview, 39
PINT, 51-52
PRACK, 50
REFER, 45-46
REGISTER, 47-48
SUBSCRIBE, 51-52
UNSUBSCRIBE, 51-52
UPDATE, 50
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SIP (Secession Initiation Protocol)
responses. See also SIP (Secession
Initiation Protocol) methods

100 Trying, 53

180 Ringing, 54

183 Session Progress, 54

200 OK, 54-55

300 Multiple Choices, 55

301 Moved Permanently, 55

302 Moved Temporarily, 55-56
305 Use Proxy, 56

380 Alternate Service, 56

400 Bad Request, 56

401 Unauthorized, 56

403 Forbidden, 56

404 Not Found, 56

405 Method Not Allowed, 56

408 Request Timeout, 56-57

410 Gone, 57

415 Unsupported Media Type, 57
480 Temporarily Unavailable, 57
487 Request Terminated, 57

500 Server Internal Error, 57
503 Service Unavailable, 57-58
504 Service Time-Out, 58

505 Version Not Supported, 58
600 Busy Everywhere, 58

603 Decline, 58

604 Does Not Exist Anywhere, 58
606 Not Acceptable, 58

codes, 39

overview, 52-53

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

SLA (Service Level Agreement) report,
202-203

Snapback process, 34

SNMP (Simple Network Management
Protocol), 108

softphone

hardphone, 25
SIP, 25

software. See also Packet Island VoIP
Lifecycle Management software;
Wireshark
Asterisk/AsteriskNOW, 18
Call Plan, 80-82
Packet Island VolP Lifecycle
Management, 120
packet-capturing, 226-229
processing, 59
T.38 fax parameter, 133
tcpdump, 220
X10, 93
split area codes, 265
Sprint access code, 288
SS7 (Signaling System 7), 160-161
standard usage
calling profile, 153-154
overview, 151-152
port quantity, 152
standards
E.164 industry, 43, 157
international, 205-206
Star LAN, 100
stare and compare analysis, 254
static, 263
stream info, 191
structure
billing, 177-178
VoIP compared with traditional
telephone calls, 12
STUN (Simple Traversal of UDP through
NAT), 302
subnets, separating VolP from data with,
112-113
SUBSCRIBE method, 51-52
subtractive noise, 118-119
summary metrics, 121
Summary window (Wireshark), 231
support
escalation list, 363-365
industry contacts, 356-357
Internet, 358-359
local users group, 359-360
non-traditional, 360-362
overview, 355
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support (continued)
RFCs, 357-358
starting over, 365-366
vendors, 356
VolIP carrier, 362-363
wiki, 359
switches, 145-146
systemic problems, 139-140

oJ o

T1 bandwidth, 332
T.37 fax, 130-131
T.38 fax
checking, 170-171
checking in Wireshark, 240-243
INVITE, 132-133
overview, 131-132
parameters, 133-135
setting up specifics, 133-135
tree, 172
tags, 258-259
TCP (Transmission Control Protocol)
overview, 20, 43-44
traffic flow, 193
tcpdump. See also Wireshark
capturing packets with, 220, 226-228
installing, 225-226
software, 220
Web site, 225
teardown
overview, 10
proving, 168-169
Telecom For Dummies (Olejniczak), 11,
161, 282
Telecordia Web site, 87
telemarketing companies. See Caller ID
telephone bill
billing increments, 95
billing structure, 177-178
myths, 325-326
telephone calls
active, 168
analog compared with VolP, 10-11

analyzing, 335-336

clipping, 71, 262-263

completion due diligence steps, 268

completion problems, 142, 257-261

components, 10-11

conference, 83-84

deconstructing local, 254-257

dialing, 157

dropped, 260-261

ending with BYE method, 47

ending with CANCEL method, 48

failed, 169-170

filtering, 236-237

graphing in Wireshark, 234-236

inbound, 91, 291-297, 305-306

local, 88, 254-257

long-distance, 251-253, 343-345

maximum concurrent, 124

outbound, 282-291, 304

overhead, 10-11, 269

problem frequency, 263-265

queue, 84-86

redirected, 14

reviewing completed, 206-209

reviewing long-distance outbound,
251-253

routing, 261

setup, 10

toll-free, 292

treatment, 257

troubleshooting outbound, 282-291

viewing multi-node, 209-210

volume, 158-159

telephone features

Call Detail Records (CDR), 94-95, 124,
335-336

call forward, 12-13, 44, 92

call queue, 84-86

conference calls, 83-84

console mode, 94

extension, 86

Interactive Voice Response (IVR)
system, 92

Least Cost Routing, 86-91, 305



non-VolP, 326-327

voicemail, 82-83, 175-176

X10, 93
telephone numbers

area codes, 36, 90-91, 265

BTN (Billing Telephone Number),

31-32, 161

moving, 337-338

ordering new, 36

porting, 29-36

prefix, 36
telephone system

overview, 79-82

taking control, 334-335
telephone-event parameters, 71-72
telephones

analog, 10-11, 174-175, 287-288

cell, 293-294
telephony, traditional, 339
telephony signaling, 80
test plan

activating, 166-167

busy calls, 169-170

failed calls, 169-170

fax transmission, 170-171

out call setup, 168-169

tear-down, 168-169

testing all VoIP phones, 173-174

testing residual analog phones, 174-175

touch tones, 171-173

validating Dial Plan features, 175-176
testing

all VolIP phones, 173-174

analog phones, 174-175

InterOperability (InterOp), 18, 351-352

LAN, 134-138

retesting, 141-142

touch tones, 171-173

VolIP calls, 119-121
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 Alternative Service SIP response, 56
“throwing your carrier under the bus,”
348
time of day, relationship with call
problems, 266-267
timelines for trouble tickets, 280
toll quality, 74
toll-free calls, 292
tollfree numbers, 145-146
tones. See also touch tones
DTMF (Dual Tone Multi Frequency), 28,
66-68, 128-129
listening for, 258-259
tri-, 258
tools (Wireshark), 222
touch tones
handling, 128-129
locating in a capture, 238-240
pushing, 28
testing, 171-173
traditional telephony, 339
traffic flows
categories of, 193
defined, 193
monitoring, 193-195
traffic pattern, 20
traffic protocol, 111
transceiver, 93
transcoding JBIG, T.38 fax parameter,
134
transcoding MMP, T.38 fax parameter,
134
translation, 261
Transmission Control Protocol. See TCP
(Transmission Control Protocol)
transmissions
branding with Caller ID, 44
checking fax, 170-171
delay, 77
In-band, 128
LAN (Local Area Network), 110
media with SDP, 60-72
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transmissions (continued)
non-voice calls, 28
port, 111
UDP (User Datagram Protocol), 117-118
Transport Layer, 117-118
Traversal Using Relay NAT (TURN), 302
Tree LAN, 101
tri-tones, 258
trouble tickets
database, 279
defined, 274
escalation list, 281-282
overview, 279-280
timelines, 280
troubleshooting
call completion problems, 257-261
call forwarding, 12-13
call problem frequency, 263-265
call quality, 142, 262-263
call routing, 261
Caller ID, 309-311
carrier trouble reporting structure,
274-275
crossed-audio situation, 269-271
defined, 249
identifying variables, 251-257
inbound calls, 291-297, 305-306
intermittent problems, 141
international problems, 290-291
isolating patterns, 265-267
LCR design, 305
managing trouble tickets, 279-282
myths, 324-325
non-network problems, 142
non-traditional, 360-362
non-voice problems, 306-307
no-way audio, 303
one-way audio, 299-303
outbound calls, 282-291, 304
overview, 311-312
performing due diligence, 267-269
progressively diminishing returns,
307-309

providing call examples, 275-277
providing multiple call examples,
278-279
steps, 271-272
using diplomacy, 250-251
using logic, 271-272
with Wireshark, 243-245
Tshark, 221
TURN (Traversal Using Relay NAT), 302
200 OK SIP response, 54-55

olf o

UA (SIP User Agents), 24
UAC (User Agent Client), 24
UAS (User Agent Server), 24
UDP (User Datagram Protocol)
message header, 44
protocol tree, 232
retransmission potential, 20
traffic flow, 193
transmitting, 117-118
UdpEC (UDP Error Control) T.38 fax
parameter, 134
UDP-RTP traffic flow, 193
uncompressed VoIP charges, 17
undesired noise, 119
Uniform Resource Identifier (URI), 41,
157
Uniform Resource Locator (URL), 42
uniformity of process, 350-351
UNSUBSCRIBE method, 51-52
UPDATE method, 50
URI (Uniform Resource Identifier), 41,
157
URL (Uniform Resource Locator), 42
usage estimations, 352-353
User Agent Client (UAC), 24
User Agent Server (UAS), 24
User Datagram Protocol. See UDP (User
Datagram Protocol)
user’s guide, Wireshark, 222
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validating
Dial Plan features, 175-176
port quality, 152
variables, 251-257
vendor support, 356
verification report, 200-201
verifying
fax transmissions, 170-171
T.38 fax calls in Wireshark, 240-243
voicemail, 175-176
viewing
jitter, 187-188
multi-node calls, 209-210
stream info, 191
VLAN (Virtual LAN), 113-114
VLM (VolIP Lifecycle Management)
determining MOS scores with, 121-122
overview, 102
stages, 102-103
Voice over Internet Protocol. See VoIP
(Voice over Internet Protocol)
voice portion of calls, 10-11
voicemail
checking, 175-176
overview, 82-83
VoIP (Voice over Internet Protocol)
advantages, 329-340
Assess (Premium) report, 199
Assess (Standard) report, 199
call forwarding, 92
challenges, 20
compression, 17, 331
connection compared with traditional
local loop, 149
disadvantages, 341-353
future of, 339-340
growing with, 331-333
nuances, 340
ordering, 150-151
overview, 9

process, 138-139
relationship with traditional
provisioning, 151
separating from data with subnets,
112-113
SLA (Standard) report, 199
traditional use of bandwidth, 318
Verify (Standard) report, 199
Wiki Web site, 358
VoIP (Voice over Internet Protocol)
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
VolP (Voice over Internet Protocol)
phone calls
compared with analog phone call,
10-11
finding, 232-238
redirected, 14
testing, 119-121
traditional forwarding, 13
VolIP Lifecycle Management. See VLM
(VoIP Lifecycle Management)
Voip-Info.org Web site, 360
VolP-specific troubleshooting
Caller ID, 309-311
inbound call problems, 305-306
LCR design, 305
no-way audio, 303
non-voice problems, 306-307
one-way audio, 299-303
outbound call failures, 304
overview, 311-312
progressively diminishing returns,
307-309
volume, determining peak call, 123-125
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downloading for Windows, 221-222
¢ w ¢ extensions, 221
wasted bandwidth, 77 filtering calls, 236-237
WALV files, 83 finding VoIP calls, 232-238
Web sites gathering details, 109
Asterisk/AsteriskNOW, 18, 334 graphing calls, 234-236
Asterisk wiki, 358 handling DTMF tones, 238-240
British version of VoIP Wiki, 358 installing, 221-224
Digium, 23 listening to captures, 237-238
Internet Engineering Task Force (IETF), overview, 219-221
205 plug-ins, 221
local calling guide, 88 Summary window, 231
Packet Island, 136, 180, 324 T.38 fax calls, 240-243
RFCs, 357 troubleshooting with, 243-245
tcpdump, 225 Web site, 224
Telecordia, 87 Wireshark GUI
VolIP quality test, 120, 135 main window components, 229-231
VolIP Wiki, 358 protocol tree, 232
Voip-Info.org, 360 Summary window, 231
Wireshark, 224 working the system, 281
wikis, 358-359
Windows (operating system) (] X ([
downloading Wireshark for, 221-222
pinging from XP, 103-104 X10 software, 93
Wireshark. See also tcpdump
bandwidth, 109 ° y °
capturing packets, 220, 228-229, 306
compatibility, 109 “your call cannot be completed as
defined, 219 dialed” message, 258

downloading for Linux, 222-224 YUM development tool package, 223









