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Connecting UCM6XXX with HT841/HT881 FXO Gateway

Introduction

This document describes basic configuration to interconnect UCM6XXX series and HT841/HT881. In this document, we are
using HT841 as an example. The following steps can be used for the HT881 model as well. This is typically applied to the
scenario where users would like to add a HT841/HT881 not only as a remote extension but also as an external PSTN trunk.
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HT8x1 and UCM63xx Interconnection

There are two ways to set up the UCM63XX series IP PBX with the HT841/HT881.

o Method 1: Configure HT841/HT881 as a SIP Peer Trunk.

o Method 2: Register HT841/HT881 on the UCM6XXX directly as an extension.

Another section of the guide will be dedicated for configuring multiple HT8x1 FXO gateways with one UCM63xx to attain
more FXO ports if needed. Refer to the section below for more information.

Method 1: Connect UCM6XXX to HT841 using Peer SIP Trunk

Create Peer SIP Trunk on UCMG6XXX

On the UCM6XXX web GUI, create a peer SIP trunk under Extension/Trunk ->VOIP Trunks. In this example, the
HT841/HT881 IP address is 192.168.5.79, followed by 6060 which is the default listening port of FXO 1, on which the analog
line is connected.


https://documentation.grandstream.com/wp-content/uploads/2023/10/Drawing27-3.png

& ucmezoz

VolP Trunks > Create New SIP Trunk

VoIF Trunks I ]

Create Peer SIP Trunk on the UCM6XXX

Configure Outbound Rule on UCM6XXX

On the UCM6XXX web GUI, go to Extension/Trunk ->Outbound Routes to create a new outbound rule. This would allow the
extension on the UCM6XXX to reach numbers in PSTN network via the peer SIP trunk we just configured.

Outbound Routes > Edit Outbound Rule: HT841_Outbound
General
HTB41_Outbound

rrrrrr

Enable Source Caller 10 Whitelist

Call Duration Limit

Main Trunk

SO Trunks — HTB41

Configure Outbound Rule on the UCM6XXX

In this example pattern “9x.”, 9 is the first dialing digit and it will be stripped off when the call goes out.

Configure Inbound Rule On UCM6XXX
On the UCM6XXX web GUI, go to Extension/Trunk ->Inbound Rules to create a new inbound rule.

In this example, we create the DID as 15555551234, this will be used in the HT841/HT881 call forward setting.
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Inbound Routes » Create New Inbound Rule

General

SIP Trunks - HTB41 nbound R

Pattern

I 15555551234 I

o
None t
Call Setting
None
CallerID Setting
e

Configure Inbound Rule on UCM6XXX

The default destination is configured to IVR.

VR HTB41 VR

Time Condition

Time Condition Time Week Manth Day Destination

Configure Inbound Default Mode

Configure FXO Port on HT841 when Peered with UCM6XXX

o Connect the PSTN line to the HT841 FXO port.

Options

o On the HT841 web GUI, go to the FXO Profile settings page and enter the IP address of the UCM6XXX that you are

peering with. In the following example, UCM6XXX has IP address 192.168.5.105

FXO PROFILE 1

SIP Settings Codec Settings Call Settings FXO Terminatio Channel Dialing

| Account Registration

No 5 ves

I Primary SIP Server 192,168 5.105 |

Prefer Primary SIP Server No

o Please make sure the SIP Registration option under is set to No.
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FXO PROFILE 1

General Settings Codec Settings Call Settings FXO Termination Channel Dialing

| SIP Basic Settings

Unregiser On Reboc @ No Al nstance

o There are few changes to be made in FXO termination section.

FXO PROFILE 1

General Settings SIP Settings Codec Settings call settings X Channel Dialing
u ! The | 100
I Enable i e Detecti No * Ye ]
nable Polarity Reversa ® No ve:

o First we should confirm which method the PSTN line is using.
1. If your PSTN line uses current disconnect (common in North America), enable ‘Current Disconnect’ and disable 'PSTN
Disconnect Tone Detection.’ The default ‘Current Disconnect Threshold’ is 100ms; increase it in 100ms increments if
call drops occur.

2. If the PSTN disconnects using the tones method, then turn on “Enable PSTN Disconnect Tone Detection” and turn off
the “Enable Current Disconnect” option.

o For PSTN tone detection, the tone disconnect method is widely used everywhere else in the world. The North American
busy tone value is "f1=480@-32,f2=620@-32,c=500/500" but these tones vary from country to country. You may look up
for the settings for your country at http://www.itu.int/ITU-T/inr/forms/files/tones-0203.pdf

o Configure the Call Progress tones under System Settings => Ringtone, you can also keep them to the Default value as
shown in the screenshot below:

Ringtone

System Ring Cadence c=2000/4000

PSTN Disconnect Tone feoch1-411=480@-32 2=62043-32 c=500/500

| CPT Settings

Dial Tone frschl M=350@-17 2=440@- 17 c=000. froch 1-4 11235
Ringback Tone fusch1 f1=440@-17 2=480@-17.c=2000/4000 fuoch1-<
Busy Tane & frschl H=48040-21 2=620@-21,c=500/500 troch1-4.
Rearder Tone Eeschl M=480@-21 25620@-21,c22500250 xoch1-4 1
Confirmation Tone fesch1 F1=350@-11 2=440@-11.c=100/100-100/100-1(

Waiting Tone fusch1f1=440@-13 c=300/10000 txoch1-4 11=440@-1

Wait for Dial-Tone feseh1 11=350@-17 2=440@-17 e=000: troeh 1-4 11235

Conference Party Hangup Tone frsch1 M=425@-15 c=600/600 frochi-4 11=425@-15 ¢
special Proceed Indication Tone fesch F1=150- 13 2=440@-13,c=T50750 fxoch1-4
ecial Condition Tone fesch1 11=350g9-13 2=450@-13,c=T50750 twoch1-4 1

Syntax: fesch 1 f=vall f2=vall c=on 1 /off1[-on2/off 2[-on3/off3]]]),<br>feoch x-y f1=vall f2=vall c=on1/off1 [-on2/off2{-on3/off3]]];

Configure FXO Port on the HT841 Call Progress Tones

o Set "Number of Rings” option to 4, it will ring 4 times before sending the call through the SIP trunk.
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AC Termination Model * Country-based Impedance-based Auto-Detected
ased usa
mpedance-based G0UR — 600 ohms

PSTN Ring Thru FX ® Mo Yes

Configure FXO Port on the HT841 Number of Rings

o Set the "PSTN Ring Thru FXS" option to “No”, that way the call is routed through the defined FXO

Configure PSTN Ring Thru FXS

o Under Channel Dialing :
1. Set the "Wait for Dial-Tone"” to “No”.

2. Set the "Stage Method (1/2)" to 1.

FXO PROFILE 1

Call Settings FXO Termination

riter-DIgH TIMEoUE (5ec
I walt for Dial-Tane % No Yes I

Configure FXO Port on the HT841 Channel Dialing

Note
o The formula of defining the FXO SIP ports is the following: SIP port = Profile's base SIP port + ( Portid — 1) *2, while the

Port Id is defined as follows: FXS =0, FXO1-8 = 1 -8 for HT881 and FXO1-4 = 1 — 4 for HT841, in this case, if we set FXO
profile 1 local SIP port to 6060, then FXO1 will use port 6060, FXO2 will use 6062, FXO3 will use 6064 and so on...

Configuring Unconditional Call Forward on HT841

On the HT841 web GUI, go to the FXO Ports page, configure "Unconditional Call Forward to VOIP" to the DID number
15555551234, this is our TEL-to-IP call.

In this example, we will use the SIP server for FXO Profile1, which is the IP Address of the UCM6xxx, and for the port number,
we set it to 5060.
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| Unconditional Call Forward to VOIP

FXO PORTS cip Sip Server Sip Destination Port
1 15555551234 G 192.168.5.105 5060
2
3
4

HT841 Call Forwarding

Method 2: Register HT841 on UCM6XXX as an Extension

Create SIP Extension on UCMG6XXX

On the UCMBXXX web GUI, create an extension under Extension/Trunk->Extensions. This extension is used for HT841 FXO
registration.

The password for the extension will be randomly generated if not specified.

Extensions > Edit Extension: 1001

Meadia Features Vosems Specific Time Wave Cient Eollow Me Advanced Settings
Genaral

S e [

:

User Settings

Detault
Contact Privileges

-]

Create SIP Extension on UCM6XXX For FXO port

Configure HT841 User Setting as an Extension Registered on UCM6XXX

Under HT841 web GUI->Ports, please enter the SIP Extension information created earlier in the UCM6XXX for the FXO port, In
this example, extension 1001 is used in order to register HT841' FXO port as an extension user on UCM6XXX.

FXOPORTS  SIP UserID Authenticate ID  Authenticate Name Profile ID Hunting Group Request URI Routing Enable Port Unconditional Call
o Forward te PSTN

1 I 1001 001 e 1001 FX0 PROFILE 2 Disabled I No @ Yes

2 FX0 PROFILE 1 Disabled No % Yes

3 FXO PROFILE 1 Disabled No @ Yes

4 FXO PROFILE 1 Disabled No (@ Yes

Registering extension on HT841

Under HT841 web GUI, FXO Profile 2, please fill in UCM6XXX information as explained in method 1.
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FXO PROFILE 2

| Account Registration

192 1685105

No

Please make sure under SIP Settings tab, SIP Registration option is set to Yes, as it is required for HT841 to successfully
register on UCM6XXX.

FXO PROFILE 2

General Settings Codec Settings Call Settings FXO Terminat Channel Dialing

| SIP Basic Settings

Al nstance

1200

HT841 SIP Settings

We can check UCM6XXX SIP Extension Status to see if HT841 has been successfully registered as an extension device for the
FXO port. The green icon indicates that HT841 is registered on UCM6XXX.

I . Available T SIP(WebRTC) 192.168.5.106:7062 synced (= E o O b
UCM6XXX SIP Extension Status

Now HT841 is registered at UCM6XXX as an extension device. Please refer to method 1 in the previous section to adjust FXO
Port and DTMF settings on HT841, Click here to access that section.

Configuring Unconditional Call Forward on HT841

On the HT841 web GUI, go to the Ports page, configure “Unconditional Call Forward to VOIP” to the extension number of the
extension registered to the UCM63xx, this is our TEL-to-IP call.

On the HT841 web GUI, go to the FXO Ports, configure “Unconditional Call Forward to VOIP” to the IVR extension on the
UCMB6XXX. In this example, the UCM6XXX IP address is 192.168.5.105

| Unconditional Call Forward to VOIP

FXO PORTS ciD Sip Server Sip Destination Port
1 7000 a@ 192,168.5.105 5060
2 @
3 @
4

HT841 Call Forwarding

Note
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In order for this setup to work, it is extremely important that both the FXO gateway HT841/HT881 and the UCM63xx are located
on the same LAN OR have Public Static IPs. In short, both devices should be able to locate each other.

Connecting Multiple HT841/HT881 FXO Gateways to One
UCMG63xx for FXO Port Expansion

In certain deployments, the number of PSTN lines required exceeds the number of FXO ports available on the UCM63xx
device. In this case, multiple FXO gateways such as HT841 or HT881 can be connected to a single UCM63xx system.

This section summarizes the required steps to deploy a UCM63xx with two HT841/HT881 FXO gateways, each gateway is
used for a specific set of FXO lines

Device IP Ports
UCM63xx 192.168.6.65 8 FXO
HT881 Gateway #1 192.168.6.164 8 FXO
HT881 Gateway #2 192.168.6.78 8 FXO
Total PSTN Lines Required 24 FXO

Step 1 - Prepare the Network
1. Assign static IP addresses to all devices.

Example:

UCM63xx — 192.168.6.65
HT881 #1 — 192.168.6.164
HT881 #2 — 192.168.6.78

2. Ensure all devices are on the same LAN or can reach each other via routing.

3. Connect the PSTN lines to the FXO ports on the gateways.

Step 2 - Create SIP Peer Trunks on the UCM

On the UCM WebUI, Navigate to:

Extension/Trunk — VoIP Trunks

Create two trunks.

Trunk 1 - HT881 Gateway #1

Parameter Value
Type Peer SIP Trunk
Host/IP 192.168.6.164
SIP Port 6060

Transport UDP



VolP Trunks > Edit SIP Trunk: HTB81_Gatewayl

Basic 5

Type

« Provider Name

+ Host Name

Transport

Mirimize SIP Messages

Auto Record (0

Keep Original CID

Keep Trunk CID

NAT

Advanced Settings

HTB81 Gatewayl

192.168.6.164:6060

D) WTCP or TLS & selected, please enable the comesponding

wettings in PEX Settings <= SIP Settigs -» TCR/TLS.

) W esabled, to minkmize the size of SIP messages, this trunk will

Pt suppont headers such a5 Remote- Party 10, Session.Expines.
and -GS Trunk; the SDP will anby include sudio media with
PCMU/PCMA/GT2Y codecs and no special attributes.

Trunk 2 - HT881 Gateway #2

Parameter
Type
Host/IP
SIP Port

Transport

VolP Trunks » Edit SIP Trunk: HTB81_Gateway2

Hasic Settings  Adwanced Settings

@

Value

Peer SIP Trunk
192.168.6.78
6060

ubP

(D Wihe bost s mot  mumeric IP address, but the port number is peesent in the LRI, the LICM performs an A of AAAR record lookup of the domain name. If 3 domain is configured without 3 port mumber, the UCM will da 2 SRV record lockip.

Disable This Trunk

Type

= Provider Name

* Host Name

Transport

Minimize SIP Messages

Auto Record

Keep Original CID

HTB81 Gateway2
192.168.6.78:6060

upe

(@ WTCPor TLS ks selected, please enable the carmesponding

atings in P

51 Settings -» TCP/TLS

(@) ¥ enabled to minimize the size of SIP messages. this tunk wil

ot support headers such 35 Remote-Party-ID, Session- Expires,
and X-GS-Trurik: the SDP will only inchae sudic media with
PCMU/PCMAGT2S codecs and no special attributes.

The created trunks will be marked as reachable:

HTBB1 Gatewayl

HTBE1_Gateway2

Step 3 - Configure Outbound Route

Navigate to:

Extension/Trunk — Outbound Routes

192.168.6.164:6060

192.168.6.78:6060

Create a route allowing internal extensions to dial PSTN numbers.

Example configuration:

Urnlimited

Unlimited

R
G @
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Parameter Value
Route Name PSTN_Route
Pattern _9x./ _8x.
Strip 1
Outbound Routes
All Levels
o £ MName Outbound Number Matching Pattern Privilege Level Total Time for Outbound Calls (m) Options
1 PSTN_Route 9 Internal Unlimited el
2 PSTN_Routed B, Internal Unlimited #e0

Configure Outbound Route

Add trunks in order:

1. HT881_Gateway1 : used for PSTN_Route (_9x.) to reach FXO lines of the first gateway

2. HT881_Gateway?2 : used for PSTN_Route (_8x.) to reach FXO lines of the second gateway

What happens here is when a user inside your call system dials the prefix 9 followed by the extension number, he will be using
HT881_Gateway1 trunk to perform an outgoing call through one of the FXO ports of the first gateway , when dialing prefix 8
followed by the extension number, he will be using HT881_Gateway?2 trunk to perform an outgoing call through one of the
fxo ports on the second gateway, please use these settings carefully to route outgoing calls without disrupting the availabiliy

of the fxo lines.

Step 4 - Configure Inbound Route

On the UCM®63xx, Navigate to:

Extension/Trunk — Inbound Routes

Create a DID rule for both HT881_Gateway1 and HT881_Gateway? trunks, and to both have the same destination, for example

both configured to have DID: 7000

Inbound Routes
Inbound Route Mame & e Caller D) Pattern
PSTN_callsd T No Limit

Inbound Routes
Inbeund Route Name & “.”-‘-' Caller ID Pattern b
PSTN_calls o Limit

Example:
Parameter

Inbound Mode

Inbound Made Feature

g Time Condition
Code

Inbound Route for Gateway1

Inbound Mode Feature

sund Mode Time Condition

Code

Inbound Route for Gateway2

Value

7000

SIP Trunks -- HTBB1_Gatewayl

VR - PST

SIP Trunks -- HT881_Gateway2
Time Destination Options

Default (A N ]
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Parameter Value

Default Destination IVR

This allows PSTN calls arriving on the gateways to reach the IVR.

Step 5 - Configure HT881 Gateway #1

Access the web interface of the first FXO gateway:

http://192.168.6.164

Navigate to:

FXO Profile 1 — General Settings / SIP Settings

Configure:
Parameter Value
SIP Server 192.168.6.65
SIP Registration No
Local SIP Port 6060
FXO PROFILE 1

SIP Settings Codec Settings Analog Signal Line Configuration Call Settings Advanced Settings FXO Termination

| Account Registration

Profile Active
Primary SIP Server 192.168.6.65:6060
Failover SIP Server
Prefer Primary SIP Serve No
utbound Proxy
kup Outbound Praxy
Prefer Primary Outbound Pra:

Tel URI G Disabled
| Network Settings
Layer 3 QoS SIP DSCP 26
Layer 3 QoS RTP DSCP a6
A Record
DNS SRV Failover Mode @ Default

To Configure FXO Port Settings, Navigate to:

FXO Profile 1 — FXO Termination

Configure:
Parameter Value
Number of Rings 4

PSTN Ring Thru FXS No

Channel Dialing
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Parameter Value
Wait for Dial Tone No

Stage Method 1

After this, Configure Call Forward Under FXO Ports:

Parameter Value

Unconditional Call Forward to VOIP 7000

| Unconditional Call Forward to VOIP

FXO PORTS ciD Sip Server Sip Port
1 7000 @ 192.168.6.65 : 6060

Unconditional call forward

Step 6 — Configure HT881 Gateway #2

Access:

http://192.168.6.78

Repeat exactly the same configuration as Gateway #1.

Key parameters:

Parameter Value

SIP Server 192.168.6.65
SIP Registration No

Local SIP Port 6060

Configure identical FXO port settings and call forwarding.

Step 7 - Verify SIP Port Mapping
Each FXO port corresponds to a SIP port.

Formula:

SIP Port Base SIP Port + (Port ID - 1) x 2

Example (Base SIP Port = 6060):

When deploying multiple HT841/HT881 gateways with a UCM,, it is possible to use the same base SIP port range on
different gateways (for example, 6060, 6062, 6064, 6066 on both devices). This works because the UCM identifies each
gateway using the combination of IP address and SIP port, not the port alone.

Gateway IP Address FXO Ports (SIP)
HT881 #1 192.168.6.164 6060, 6062, 6064, 6066
HT881 #2 192.168.6.78 6060, 6062, 6064, 6066
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How to dial

Once the FXO gateway or gateways and the UCM6XXX are set up as above, the inbound call and the outbound call will be
working as described below.

o Outbound call

Method 1: The extension registered to the UCM6XXX can dial prefix + PSTN number to reach outside numbers in the PSTN
network, as defined in the UCM6XXX outbound route.

Method 2: The extension registered to the UCM6XXX can dial HT841's FXO extension number (1001 in this example). After
getting the second dial tone, you can then dial the PSTN network number. Basically, the outbound call is done in a 2-stage
manner.

Example:

Method 1: The UCM-registered extension 1000 can call +1(555) 555-1234 by dialing 915555551234, with the 9" stripped and
the rest of the number dialed.

Method 2: The UCM-registered extension 1000 can call the HT841 registered extension 1001, then dials the PSTN number
+1(555) 555-1234

o Inbound call

The user from the outside network can dial into the PSTN line's number (connected to HT841/HT881). And then he/she will
reach the IVR of the UCM6XXX. The IVR on UCM6XXX would allow the user to further enter the extension number or key
pressing digit to reach the desired destination. The inbound call will go through the inbound route set up on the UCM6EXXX.

Example:
A user dials the office number +1(555) 555-1234, this is the DID number provided by the PSTN service provider, then he will

be prompted with an IVR, he can wait until he is prompted to call the desired extension, then he can call extension number
405 to reach his destination.

Supported Devices

Device Firmware Required
HT841

1.0.5.7+
HT881

UCM6301/6302/6304/6308
1.0.23.17+
UCM6300A/6302A/6304A/6308A

Supported Devices

Need Support?

Can't find the answer you're looking for? Don't worry we're here to help!



	Introduction
	Method 1: Connect UCM6XXX to HT841 using Peer SIP Trunk
	Create Peer SIP Trunk on UCM6XXX
	Configure Outbound Rule on UCM6XXX
	Configure Inbound Rule On UCM6XXX
	Configure FXO Port on HT841 when Peered with UCM6XXX
	Configuring Unconditional Call Forward on HT841


	Method 2: Register HT841 on UCM6XXX as an Extension
	Create SIP Extension on UCM6XXX
	Configure HT841 User Setting as an Extension Registered on UCM6XXX
	Configuring Unconditional Call Forward on HT841


	Connecting Multiple HT841/HT881 FXO Gateways to One
	UCM63xx for FXO Port Expansion
	Step 1 – Prepare the Network
	Step 2 – Create SIP Peer Trunks on the UCM
	Step 3 – Configure Outbound Route
	Step 4 – Configure Inbound Route
	Step 5 – Configure HT881 Gateway #1
	Step 6 – Configure HT881 Gateway #2
	Step 7 – Verify SIP Port Mapping


	How to dial
	Supported Devices

