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call routing CME

Class if Restriction (COR)

QOS

transformation

matching dial peers

dial-peer 0

dial peers
Ports

(conf) dial-peer cor custom

(conf) dial-peer cor list #name
(dp) corlist outgoing #name
(dp) corlist incoming #name

rules

requirements

auto qos voip
auto qos voip trust

auto qos voip cisco-phone
auto qos voip cisco-softphone

 order

(conf) num-exp #match #replace

translation profiles

outbound

inbound

default for inbound calls
can not be changed

specs

pattern

pots

voip

verify

digital

analog

create COR Tags
(cor) name #tag

(list) member #tag

no outgoing list = allow any
no incoming list = allow

delay < 150ms
jitter <30ms

loos < 1%
remark all

trut any

cdp

num-exp
digit-stripping
transform profiles
prefix
forward digits

match dialed number 
global command

(conf) voice translation-rule #nr
(rule) rule #nr /#match/ /#set/
(conf) voice translation-profile #name
(prof) translate (called|calling)
#rule-nr
(dp) translation-profile incoming #name
test voice translation-rule #nr  #tel

by destination-pattern

call into the router
1 match DNIS to "incoming called-number"

2 match ANI to "answer-address"
3 match ANI to "destination-pattern"

4 matrch on port
5 use dial-peer 0

any codec
no DTMF
IP Precedence 0
VAD enabled
no RSVP
fax on voice-rate
no DID

rules

wildcards

verify
(conf) dial-peer voice #tag pots
(dp) destination-pattern #pattern
(dp) port #nr
(dp) no digit-strip
(dp) forward-digits #nr
(dp) prefix #nr
(dp) preference #0-10
(conf) dial-peer voice #nr voip
(dp) destination-pattern #pattern

8dp) session target #

(dp) codec #c
(dp) preference #0-10

show dial-peer voice [summary]
debug voip dial-peer

VWIC
(conf) controller t1 #nr
(contr) framing (esf|sf)

(contr) linecode (ami|b8zs)
(contr) clock source (internal|line)

(contr) ds0-group #nr timeslots #1-24
[type #sig]

(conf) isdn switch-type #

(contr) pri-group timeslots #1-24

verify

FXS

FXO

config

verify

replace first match

most specific winds
immediatly process after match

.
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,
show dial-plan ??

remove matched digits
right justified nr of digits

add prefix

ipv4:#ip
dns:#name

default G.729

Voice and WAN Interface Card
  

signaling

T1/E1 CAS
connected switch

for ISDN only
error if not enough DSP

T1/E1 CCS
show controller t1

Foreign Exchange Station
to endstations¨

Foreign Exchange Offive
to PSTN/CO/PBX¨

(conf) voice-port #nr
(vp) signal (groundstart | loopstart)

(vp) cptone#country
(vp) dial-type (dtmf|pulse)

(vp) ring number #nr
(vp) station-id name #name

(vp) station-id number #nr
show voice port summary

show isdn status

one digit or *
one or more of the preceding
range

nor range
any number of digits
max 32

1s pause

fxo-ground-start
fxo-loop-start

e&m-#

default US

number of rings befor answering

PBX-Systems


