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1. Overview

SIP trunk is useful in order to save cost.
KX-HTS supports 200 DDI numbers for one or two SIP carriers.
Extension can be called directly by DDI without operator.

Telephone SIP DD
Company Carrier 'n%ﬁ
(03) (050) —/‘ 050-5555-33xx
Office
SIP Trunk
03-1234-5678 050-8765-4321 M
CLIP Operator
hen extension call in IP trunk
We extensio Ca_sgs g SIP trunk, Ext 101 Ext 103 Ext 104
his/her DDI number is informed to called party 5555-3301 5555-3302 5555-3303
ller ID.
as calle l A 050-5555-3301 m
Ext 101
03-1234-5678 =« 5555-3301
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Chapter 1

SIP_[runk Programming




11. Click Port to change to SIP.

Click port 3 for example.

HI'S

PBX Configuration

J 1 System

- 2.Extension

3 Trunk
1.Port
2.DIL
3.DD1

4.Caller ID Modify & Block

5.DISA

6.Anzalogue CO Property

T CIN Trinlk Nemmad.

Web Maintenance Console

000.00285

' PBX Configuration
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2 lines of Analog CO and
4 ch of SIP for example.




12. Change the port to SIP.

HTS Web Maintenance Console

000.00285

PBX Configuration ‘ Port

- 1.System
- 2 Extension

J 3 Trunk
S, CO Line Number 3

2.DIL Attribution Analogue
3.DDI Analogue
4,Csaller 1D Modify & Block
5.DISA

6.Anzlogue CO Property
7.51IP Trunk Property

J 4 TRS/ARS

Trunk Group SIP Carrier - 2

No Connect

Analogue - Basic

PSTN SIP
Carrier

2 lines of Analog CO and
4 ch of SIP for example.




13. Assign Trunk Group.

HTS Web Maintenance Console

000.00285

PBX Configuration . Port

L 1. System
- 2 Extension

3 Trunk )
SPort CO Line Number 3

2.0IL Attribution SIP Carrier - 1 v
3,.0D1

4.Czller ID Modify & Block
S.DISA

€.Analogue CO Property
7.51P Trunk Property

Trunk Group

) 4 TRS/ARS Analog:.le ) Bas'c

PSTN SIP
Carrier

2 lines of Analog CO for TRG1
4 ch of SIP for TRG2




14. Repeat to other trunk.

HTS Web Maintenance Console

000.00285

 PBX Configuration PBX Configuration
e e B DYDY - DD
= 3. Trunk 17 18 19 20 21 2 23 24

1.Port ———— | | | - .
201 e I EIESEOEED | BB D
' s 10 1 12 13 14 15 16 S 0

3.DD1

4.Caller ID Modify & Block
5.DISA

6.Analogue CO Property
7.51P Trunk Property

PSTN SIP
Carrier

2 lines of Analog CO and
4 ch of SIP for example.




HTS

15. Assign SIP account.

Ask your account to your SIP carrier.

Web Maintenance Console
000.00285

PBX Configuration

1. .System
- 2. Extension
3 Trunk
1.Port
2.DIL
3.DDI
4.Czller ID Modify & Block
5.DISA
6.Analogue CO Property
7.5S1IP Trunk Property
- 4 TRS/ARS
+J) 5 System Speed Dialling
- 8.Conference

= 7 Voice Masil
Network Configuration

Maintenance

SIP Trunk Property

PBX Configuration > 3.Tr

o
1!

un > 2 o1 Trunk Pro

SIP Carrier - 1

SIP Registration Status

Provider Name (20 characters)

SIP Server Name (100 characters)
SIP Server IP Address

SIP Server Port Number

SIP Service Domain (100 characters)

Subscriber Number

Account
User Name (64 characters)
Authentication ID (64 characters)
Authentication Password (32 characters)

Register
Register Ability

Not yet

5060

© Enable

.0
(1-65535)
[093zAZ-.]
[09#%*]

) Disable




16. Assign Voice Codec.

Ask correct CODEC to your SIP catrrier.

If it is G.729, assign G729 for 15t priority and None for 2"d and 3" priority.

Voice

IP Codec Priority 1st

IP Codec Priority 2nd

IP Codec Priority 3rd

k = 7.5IP Trunk Property

@ G.711A
0 G.711Mu
0 G.7294

0 G.711A
@ G.711Mu
) G.729A
) Mone

0 G.711A
0 G.711Mu
) G.729A
@ Mone
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18. Assign DDI.

HTS Web Maintenance Console

000.00285

PBX Configuration DDI

X Configuration >

L4 1. System
I 2 Extension Dialﬁng Plan

3. Trunk S 5
3 S Additional Dial
e g “ S D|glt [ 09#* ]

2.DIL

3.0D1 1 Enable « 0 v
4,Caller ID Modify & Block

5.DISA 2 Enable « 0 -
6.Analogue CO Property

7.S1IP Trunk Property DDI Table

Ll 4 TRS/ARS
e DDI Number = Destination Destination
- e ﬂ [ L i ] tame e Day "ight
1 - 111

. 8.Conference
55553301 101/ - S01DISA v

U 7 Voice Msil
Network Configuration 2 55553302 102/ - 602/Group 602/Group v
Maintenance 3 55553399 §91/MeetMe 691 MeetMe 691/ MeetMe

4 v v L 4

When received DDI number after modification by “Remove” and “Add” cannot be
found in DDI table, but it is same as extension number, destination becomes the
extension. If it is not extension number also, DIL is applied.
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19. Assign CLIP.

Web Maintenance Console

PBX Configuration

4 1.System

- 2.Extension
1.Port
2,Phone
3.Flexible Buttons
4.Extension Grouo

000.00285
Port

Extension Number 101 [09]
Extension Name
CLIP
SIP Carrier - 1 05055553301 [0-9]
SIP Carrier - 2 [0-9]

SIP Trunk

050-5555-3301

Operator
< Ext 101 Ext 103 Ext 104
03-1234-5678 5555-3301 5555-3302 5555-3303
12




Chapter 2

Test.after SIP Programming
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21. Confirm CO Access Number.

HTS Web Maintenance Console

000.00285
PBX Configuration Numbering Plan

- 1.System
1.Date & Time
2.MOH
3.Week Table

4.Numbering Plan
6.System Options
7.SMDR

Extension Numbering Scheme 5
\J 2. Extension

5 3 Trunk 6 Extension Numbering Scheme 6 6 XX v
J 4 TRS/ARS

J 5.System Speed Dislling 7 Call Park 7

J 8.Conference

© 7.voice Mail 8 Trunk Line / Trunk Group 8 OX or =X
Network Configuration 9 Idle Line Access (Local Access) - 1 9 |
Maintenance 10 Idle Line Access (Local Access) - 2 0 |
11 rmﬂe |
PSTN .
C;:’r'ﬁer Dial O or 9 for any trunk + Phone number.

Dial 8#1 for TRG1 + Phone number.
TRG2 Dial 8#2 for TRG2 + Phone number.

Phone number is 03-1234-5678 for example.
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22. Make and Receive a call actually.

Outgoing call : CLIP as caller ID has to be sent to called party correctly.
Incoming call : Call has to be distributed to DDI destination with caller ID correctly.

Talking . Voice quality has to be good. DTMF can be sent.
: Office
International PSTN SIP SIP Trunk
Company (03) (050)

E o

03-1234-5678 050-8765-4321

Ext 101 Ext 103 Ext 104
5555-3301 5555-3302 5555-3303

Call from  Phone in SIP Carrier Call from  Cellular Phone

Call to Phone in SIP Carrier Call to Cellular Phone

Call from  Phone in PSTN (Analog) Call from International (if customer
Call to Phone in PSTN (Analog) Call to ees)

15



Chapter 3

ARS Programming
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30. ARS : Automatic Route Selection

SIP trunk can be selected automatically for programmed phone
number. Dialed number can be modified automatically.

9/0-011-81(Japan) selects SIP : TRG2. Remove 01181 and add O.
Dialed number by user : 9/0-011-81-3-1234-5678
Dialed number by KX-HTS to SIP : 03-1234-5678

9/0-Other dial selects Analog CO : TRGL1.

PSTN
Telephone SIP DDI in your area
Company Carrier ""%
in Japan in Japan £ 050-5555-33-xx
(03) (050) ffice Analog CO
TRG 1
} & SIP Trun
03-1234-5678 050-8765-4321
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31. Assign Leading Digits & Change TRS.

HTS Web Maintenance Console

000.00314
PBX Configuration Leadmg D‘g‘ts
L 1.System Confi On->-FTRS/ARS et
L 2. Extension
J 3 Trunk
(J 4 TRS/ARS
Lisading Ihoks Leading Digits | 1o avel (COS) 1 | TRS Level (COS) 2
2.ARS Carrier u [09#*NXZ] {€OS) (COS)
3.Account Code
4 Exnergency Dial Allow « Deny
5.0pts
i 2 01181 Alow Alow
L 5 System Speed Dialling
* 8.Conference 3 0x Allow Allow
&I 7 Voice Msil
4 Alow « Deny «

Network Configuration

Default of TRS level is 2 for all extensions.
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32. Assign ARS Carrier.

TRS Level (COS) 1 | TRS Level (COS) 2 ARS Carrier ARS Carrier ARS Carrier
Priority-1 Priority-2 Priority-3

Leading Digits
[DO9#*F*NXT]

Allow Derny Mone - r
2 01181 Allow - Allow  « Monge - -
3 i Allow - Allow Mone -
4 Allow - Deny - Mone -

If carrier name is assigned as next
page, it is displayed for selection.

ARS Carrier ARS Carrier ARS Carrier
Priority-1 Priority-2 Priority-3

L:iLocal PSTH » Maone Mone r
Z:Japan SIP « 1:local PSTH Mone -
1:iLlocal PSTH Mone - Mone -
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33. Assign ARS Carrier.

Remove 5 digits (01181) and add “0”.
HTS Web Maintenance Console

000.00314

PBX Configuration

1 System

ARS Carrier

uration > 4 TRS/ARS > 2Z.ARS Carrigr

! 2 Extension

& 3 Trunk
Sl ) Dial Modification RS CE
1.Leading Digits : Carrier Name Removeldigits) Add
2.ARS Carrier (pox=*]
3.Account Code
4.Emergency Dial
5.0ptions

LJ 5.System Speed Dislling

1 Local PSTN 0

2 Japan SIP 5 « 0

Trunk Group

TRG1 ~

TRG2 ~

J
&.Conference 3 0 «

7 Voice Masil

Network Configuration

L DRSS TN

Programming is completed. Try making call by ARS.

TRG1 ~

TRG1 ~
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Chapter 4

Peripheral settings (NAT, Routing)
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41. Diagram

Customer’s
...... 31511 ELLLLLLRAN Network

| — ) - f ¢ 1 |
,tr’m YT TYPY ._ W
B B 23024.132/12 192.168.22.99/24 | Important!

"

I

I

WAN2 WANL I _ 1

: 1 WAN1 and WAN2 is not equal. :
I

I InstaII Carrier Dedicated Line to WANZ2. :

192.168.22.1/24
"~‘.. Routerl

MRG access

Internet
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42. NAT Traversal (1)

PBX Configuration > 2.Extension > 7.SIP Extension Property

SIP Extension & SIP Trun u
Voice (RTP) UDP Port No. (Server) 12000 o
SIP Port Number 5060 'ﬂt%ny' Basical |y ..
Jitter Buffer Type for Voice Adaptive Y
Jitter Buffer Delay Min. for Voice 20 NAT Traversal works for both of
Jitter Buffer Delay Max. for Vioice 180
Jitter Buffer Delay Init. for Voice 50 \ WAN pf router - MRG access
Jitter Buffer Type for Data Fixed 11. 223344
Jitter Buffer Delay Min. for Data 20 e Port Fwd - S|P Trunk access
Jitter Buffer Delay Max. for Data 180 ——
Jitter Buffer Delay Init. for Data 50 - [ms)
MAT Traversal ) Off @ Fixed IP Address (/STUM (' DDNS
MAT - Fixed Global IP Address 11 .22 .33 .44
IP Address of SIP Extension in existing router
+ = o To To o When set all 0(Zero), NAT Traversal does not work for
Subnet Mask 0 .0 .0 .0 local IP Address. HTS judge IP Address automatically.

» |‘.~j"' 172.16.26.152= Local IP Address NAT Traversal does not work!
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42. NAT Traversal (2)

HTS Local Address Judgement

RFC1918: Private IP Address (Local IP Address)

A 10.0.0.0 — 10.255.255.255/8
172.16.0.0 — 172.31.255.255/12
C 192.168.0.0 — 192.168.255.255/16 ‘

= Local IP Address

oy,

No NAT Traversal
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43. Routing

Network Configuration > 5.Route > 1.Static Routing
Static Routing

The static routing function determines the path that data follows over your network before and after it passes through your router. You can use static routing to allow different
IP domain users to access the Internet through this device. The default route cannot be added from this web page.

172.16.0.0 255.255.240.0 172.30.0.1 VWANZ_DHCP_Client
Destination Subnet address. Destination Subnet netmask Default GW of network which ~ Cancel
Ex: 12bits = 255.255.240.0 WAN2 belongs.

»The packet heading to Carrier SIP Server 172.16.26.152 will be sent out from WANZ2 port.

Network Configuration > 3.WAN > 1.Setting

WAN Setting

A T T S S T

WAN1_Fix_IP WWAN1 Fix IP @

WAN2_DHCP_Client WWANZ DHCP Client

» Other packet will be sent out from WAN1 (Default WAN)
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Thank you !
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Revision

Date No. Change
July 28, 2016 All First official release
August 8, 2016 Chapter 3 ARS was added.
Sept 16, 2016 12 (Page 6) | Picture was added.
33 (Page 21) | Explanation was added.
June 28,2017 Chapter 4 Peripheral Settings(NAT, Routing) was added.
July 20,2017 17(Pagell) | Side 17 “SIP Domain Name” is deeted.
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