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The following call routing policies are in effect at Site B's PSTN Service Provider

1. Site B PSTN service provider mandates proper use of both ISDN "called party number" and "called party
number type" (Subscriber, National and International)

2. Called party number types (local, National, International) must be set in ISDN setup "called party number
type" field for different types of calls (Local, National and international)

3. Do not send leading digits in the ISDN called party number string, such as 1 for national and 011 for
international to signal type of calls.

Tasks
Configure Site B CUCM to satisfy the following dial plan requirements.
Access code for all PSTN call is 9
Configure local route group (R2) for Site B local Voice gateway.
Use Route-List RL-R2 as the naming convention.
Calls traversing between Site B Phone and R2 PRI trunk should always use G711 codec.
Ensure that all calls will be sending Display Name and Number over PSTN.

Telco delivers 10 digit direct inward dialing called numbers in inbound calls, 972603XXXX, where
XXXX is any Site B internal 4-digits extension.
Verify Site B gateway configuration by placing an inbound call from line 2 on the PSTN phone to
603XXXX, where XXXX is any Site B internal 4-digit extension. Make sure your MOH works. Do
not use a Transcoder.
Modify the previous settings to use g711ulaw codec. Use a Transcoder for MOH to work.
Configure local route group for Site B's local Voice gateway : R2
For outbound calls, ensure 911 calls from any Site B IP phone terminate media on R2.
For 911 calls, send 9726033XXX, where XXXX is the 4-digit extension as the calling
number. 9911 is not required.

Calling Party Type = National 
Calling Party Plan = ISDN 
Called Party Type = Unknown 
Called Party Plan = ISDN

All Site B IP phones should be able to call local 7 digits PSTN numbers by dialing the
access code 9 followed by 7 additional digits. The First digit after the access code
could be any digit from 2 to 9, the remaining digit could be 0 (zero) to 9. This type of
call should always use the local gateway R2 as the primary route. 7-digit calling
number (603XXXX where xxxx is internal extension) and calling name should be sent
to PSTN.
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All Site B IP phones should be able to place a national long distance PSTN calls by dialing the
access code 9 followed by 1, followed by 3 digit area code and lastly 7 digit subscriber number.
The First digit of the area code and subscriber number could be any digit from 2 to 9, the
remaining area code and subscriber number digit could be 0 (zero) to 9. This type of call should
always use the local gateway R2 as the primary route. 10-digit calling number (972603XXXX
where xxxx is internal extension) and calling name should be sent to PSTN.
All Site B IP phones should also be able to place international calls by dialing the access code 9
followed by 011, followed by variable length digit and ending with # sign. This type of call should
always use local gateway R2. +1972603XXXX where XXXX is internal extension should be sent
as calling number. Calling number should be sent to PSTN.

All the mentioned calls must be serviced by single route pattern +! on the Site B Publisher CallManager. 
H323 Gateway R2 should be SRST compliant. 
However SRST configuration task is not part of this section. 
Also make sure for all calls the call is routed within 5 seconds.

 Note:
The exception to this rule is SIP trunk calls.

Configuration:  Click to collapse

R2 – Site B

voice class codec 1 

 codec preference 1 g711ulaw 

 codec preference 2 g711alaw 

 codec preference 3 g729br8 

 codec preference 4 g729r8 

! 

dial-peer voice 1 pots 

 incoming called-number .T 

 direct-inward-dial 

! 

dial-peer voice 3100 voip 

 destination-pattern ^9726033...$ 

 session target ipv4:11.100.65.11 

 voice-class codec 1 

Site B – Publisher
Device > Gateway

System > Region Information > Audio Codec Preference List
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System > Region Information > Region

System > Device Pool
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System > Device Gateway 
Assign the H323 Gateway the above Device Pool created. Apply & Reset.

Verification
Place the call from the PSTN phone line 2 to 603XXXX. Verify the codec. 
Press hold on Site B Phone to check if MOH works.

R2 – Site B Gateway

dial-peer voice 3100 voip 

 no voice-class codec 1 

 codec g711ulaw 

Now your MOH will not work and for the same you would require a Transcoder

voice-card 0 

 dspfarm 

 dsp services dspfarm 

! 

dspfarm profile 1 transcode 

 codec g729abr8 

 codec g729ar8 

 codec g711alaw 

 codec g711ulaw 

 codec g729br8 

 codec g729r8 

 maximum sessions 2 

 associate application SCCP 

 no shutdown 

! 

sccp local Loopback0 

sccp ccm 11.100.65.11 identifier 1 priority 1 version 7.0+ 

sccp ccm group 1 

 bind interface Loopback0 

 associate ccm 1 priority 1 

 associate profile 1 register SBXcode 

! 

sccp 

Site B – Publisher
Media Resources > Transcoder
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Verification
Place a call from PSTN Phone Line 2 to 603XXXX and place the call on hold from the Site B
Phone 1

R2 – Site B Gateway
show sccp connections

show call active voice brief

Site B – Publisher
Call Routing > Class of Control > Partitions

Call Routing > Class of Control > Calling Search Space
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Call Routing > Translation Pattern



C
O

N
TE

N
TS

https://t.me/learningnets





C
O

N
TE

N
TS

https://t.me/learningnets





C
O

N
TE

N
TS

https://t.me/learningnets





C
O

N
TE

N
TS

https://t.me/learningnets





C
O

N
TE

N
TS

https://t.me/learningnets



Call Routing > Transformation > Transformation Pattern > Called Party Transformation Pattern

Call Routing > Route/Hunt > Route Group
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Call Routing > Route/Hunt > Route List

System > Device Pool

Call Routing > Route/Hunt > Route Pattern
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System > Device Pool

R2 – Site B
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voice translation-rule 911 

 rule 1 /^3...$/ /972603&/ type any national plan any isdn  

! 

voice translation-rule 912 

 rule 1 // // type any unknown plan any isdn 

! 

voice translation-rule 9011 

 rule 1 /^3...$/ /+1972603&/ type any international plan any isdn  

! 

voice translation-rule 9012 

 rule 1 // // type any international plan any isdn 

! 

voice translation-rule 9303 

 rule 1 /^3...$/ /603&/ type any subscriber plan any isdn  

! 

voice translation-rule 9304 

 rule 1 // // type any subscriber plan any isdn 

! 

voice translation-rule 91408 

 rule 1 /^3...$/ /972603&/ type any national plan any isdn  

! 

voice translation-rule 91409 

 rule 1 // // type any national plan any isdn 

! 

voice translation-profile EMR 

 translate calling 911 

 translate called 912 

! 

voice translation-profile INT 

 translate calling 9011 

 translate called 9012 

! 

voice translation-profile LOCAL 

 translate calling 9303 

 translate called 9304 

! 

voice translation-profile NATIONAL 

 translate calling 91408 

 translate called 91409 

! 

dial-peer voice 10000 voip 

 incoming called-number .T 

 codec g711ulaw 

! 

dial-peer voice 911 pots 

 translation-profile outgoing EMR 

 destination-pattern ^911$ 

 no digit-strip 

 port 0/1/0:23 

! 

dial-peer voice 9303 pots 

 translation-profile outgoing LOCAL 

 destination-pattern 9[2-9]......$ 
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 port 0/1/0:23 

 forward-digits 7 

! 

dial-peer voice 91408 pots 

 translation-profile outgoing NATIONAL 

 destination-pattern 91[2-9]..[2-9]......$ 

 port 0/1/0:23 

 forward-digits 10 

! 

dial-peer voice 9011 pots 

 translation-profile outgoing INT 

 destination-pattern 9011T 

 port 0/1/0:23 

System > Service Parameters

Device > Gateway

R2 – Gateway

Interface serial 0/1/0:23 

 isdn outgoing display-ie 

 isdn outgoing ie redirecting number 

Verification
R2 - Site B Gateway

debug isdn q931 
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Dial 911 
Dial 96043000 
Dial 914085032000 
Dial 9011442050075000 with # and without #
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