
Gateways & ATAs 

Protect your analog communication investment and create a high-quality and manageable IP telephony 

hybrid solution. Whether integrating analog phones for a home or office application, Grandstream’s HT 

series of Analog Telephone Adapters allows users to easily integrate individual analog phones. 

Analog VOIP-gateways 

The GXW IP Gateway Series enables businesses to create seamless office environments, integrate 

traditional phone systems into a VoIP network and efficiently manage communication costs. The GXW 

Series is designed for full interoperability with leading IP-PBXs, Softswitches and most SIP-based 

environments and offers 4 or 8 port models and a video surveillance port on the GXW410x models. 

GXW4500 series 

The GXW4500 series are E1/T1 Digital VoIP Gateways that allow digital PSTN and ISDN trunks to be 

integrated with VoIP networks. By connecting the GXW4500 series with a VoIP network and a traditional 

PBX or E1/T1/J1 provider, businesses can drastically increase the 

amount of PSTN/ISDN trunks integrated with their VoIP network. The 

GXW4500 series offers three models that provide 1, 2 or 4 T1/E1/J1 

spans and support 30, 60 or 120 concurrent calls to cater to the VoIP 

needs of large and medium sized enterprises.  

Features 

 Software configurable E1/T1/ J1 ports, support PRI, SS7, MFC R2 

 Dual Gigabit auto- sensing RJ45 network ports with integrated NAT router 

 Supports a wide- range of voice codecs, including Opus, G.722, G.729, iLBC, and more 

 TLS and SRTP security encryption technology to protect calls and accounts 

 Automated provisioning by HTTP/TFTP with XML config files 

 Supports T.38 Fax for creating Fax-over-IP 

 Supports multi- language voice prompts 

GXW4200 Series 

Deploy the GXW4200 series to allow any businesses to create a cost-

effective hybrid IP and analog telephone system that allows them to 

enjoy the benefits of VoIP communications while preserving investment 

on existing analog phones, Fax machines and legacy PBX systems.  

The GXW4216/24/32/48 are fully compliant with SIP standard and interoperable with various VoIP 

systems, analog PBX and phones on the market. It features multiple FXS analog telephone ports, superb 

voice quality, a suite of telephony functionalities, easy provisioning, flexible dialing plans, advanced 

security protection and strong performance in handling high volume voice calls. The GXW42XX series 

gateways offers businesses a cost-effective hybrid IP and analog telephone system that allows them to 

enjoy the benefits of VoIP communications. 



 

 

Features 

 16/24/32 FXS ports, GXW4248 includes 2 50-pin Telco connectors 

 1 Gigabit network port 

 132x48 backlit graphic display with support for multiples languages 

 4 SIP server profiles per system, independent SIP account per port 

 Designed and tested for full interoperability with leading IP-PBXs, soft-switches and SIP-based 

environments 

 Advanced security protection with SRTP/TLS/HTTPS 

GXW410x 

The GXW410x FXO gateway series enables businesses of all sizes to create and deploy a VoIP and analog 

hybrid solution. Make deployments easy by seamlessly connect multiple locations and all devices within 

an office to any hosted or on premise IP PBX network. 

 

Features 

 4 or 8 ports 

 2 10/100 Mbps network ports 

 Comprehensive codec support, caller ID, flexible dial plans and secu-

rity protection 

 Advanced security protection with SRTP 

 Designed and tested for full interoperability with leading IP-PBXs, soft-switches and SIP-based 

environments 

 PSTN Failover on power failure 

 

Analog-telephone-adaptors 

HT818 



The HT818 is a powerful 8-port VoIP gateway with 8 FXS ports and an integrated Gigabit NAT router. 

Built for users looking for a strong analog-to-VoIP converter, it features Grandstream’s market-leading 

SIP ATA/gateway technology with millions of units successfully deployed worldwide. This powerful 

gateway carries exceptional voice quality in various application environments, strong encryption with 

unique security certificate per unit, automated provisioning for volume 

deployment and device management, and outstanding network performance 

for enterprise use. 

Features 

 Supports 2 SIP profiles and 8 FXS ports 

 Strong AES encryption with security certificate per unit 

 Automated & secure provisioning options using TR069 

 3-way voice conferencing per port 

 Exceptional voice quality with wide-band HD codec 

 Supports T.38 Fax for reliable Fax-over-IP 

 Supports dual Gigabit network ports 

 High performance NAT router  

HT814 

The HT814 delivers powerful VoIP technology and routing capabilities to home and office environments, 

and allows users to successfully connect their analog devices to a manageable, robustnetwork. Built 

using Grandstream’s market-leading SIP ATA/gateway technology, with millions of units successfully 

deployed worldwide, this powerful ATA features exceptional voice quality in various applications and 

environments. The HT814 comes with 4 easy-to-use FXS ports, an 

integrated Gigabit NAT router, state-of-the-art encryption with a unique 

security certificate per unit, automated provisioning for volume 

deployment and device management and outstanding network 

performance. 

Features 

 Supports 2 SIP profiles through 4 FXS ports and dual Gigabit ports 

 Includes a built-in NAT router which can handle routing speeds up to 100MBps 

 TLS and SRTP security encryption technology to protect calls and accounts 

 Automated provisioning options include TR-069 and XML config files 

 Supports 3-way voice conferencing 

 Failover SIP server automatically switches to secondary server if main server loses connection 

 Supports T.38 Fax for creating Fax-over-IP 



 Supports a wide range of caller ID formats 

 Use with Grandstream’s UCM series of IP PBXs for Zero Configuration provisioning 

HT813 

The HT813 is an analog telephone adapter that features 1 analog telephone FXS port and 1 PSTN line 

FXO port in order to offer backup lifeline support using a PSTN line. The integration of a FXO and FXS 

port enables this hybrid ATA to support remote calling to and from the PSTN line. For added flexibility, 

the FXS port extends VoIP service to one analog device. Users can convert their analog technology to 

VoIP thanks to the HT813’s ultra-compact size, HD voice quality, 

advanced VoIP functionality, high-end security protection and 

multiple auto provisioning options. These advanced features also 

allow service providers to offer high quality IP service to customers 

looking to upgrade to VoIP 

Features 

 Supports 2 SIP profiles through 1 FXS port and 1 FXO port 

 Dual 100Mbps LAN and WAN ports 

 Lifeline support (FXS port will be hard-relayed to FXO port) in case of power outage 

 3-way voice conferencing per port 

 Automated & secure provisioning options using TR069 

 Supports T.38 Fax for reliable Fax-over-IP 

 Failover SIP server automatically switches to secondary server if main server loses connection 

 Strong AES encryption with security certificate per unit 

HT812 

The HT812 delivers powerful VoIP technology and routing capabilities to 

home and office environments, and allows users to successfully connect 

their analog devices to a manageable and powerful VoIP network. Built 

using Grandstream’s market-leading SIP ATA/gateway technology, with 

millions of units successfully deployed worldwide, this powerful ATA 

features exceptional voice quality in various applications and 

environments. The HT812 comes with 2 easy-to-use FXS ports, an integrated Gigabit NAT router, state-

of-the-art encryption with a unique security certificate per unit, automated provisioning for volume 

deployment and device management and outstanding network performance.  

Features 

 Supports 2 SIP profiles through 2 FXS ports and dual Gigabit ports 

 Includes a built-in NAT router which can handle routing speeds up to 100MBps 

 TLS and SRTP security encryption technology to protect calls and accounts 



 Automated provisioning options include TR-069 and XML config files 

 Supports 3-way voice conferencing 

 Failover SIP server automatically switches to secondary server if main server loses connection 

 Supports T.38 Fax for creating Fax-over-IP 

 Supports a wide range of caller ID formats 

 Use with Grandstream’s UCM series of IP PBXs for Zero Configuration provisioning 

HT802 

The HT802 delivers powerful VoIP technology and routing capabilities to home and office environments, 

and allows users to successfully connect their analog devices to a manageable and powerful VoIP 

network. Built upon Grandstream’s market-leading SIP ATA/gateway technology, with 

millions of units successfully deployed worldwide, this powerful ATA features 

exceptional voice quality in various applications and environments. The HT802 

comes with 2 easy-to-use FXS ports, state-of-the-art encryption with a unique 

security certificate per unit, automated provisioning for volume deployment 

and device management and outstanding network performance.  

Features 

 Supports 2 SIP profiles through 2 FXS ports and a single 10/100Mbps port 

 TLS and SRTP security encryption technology to protect calls and accounts 

 Automated provisioning options include TR-069 and XML config files 

 Supports 3-way voice conferencing 

 Failover SIP server automatically switches to secondary server if main server loses connection 

 Supports T.38 Fax for creating Fax-over-IP 

 Supports a wide range of caller ID formats 

 Use with Grandstream’s UCM series of IP PBXs for Zero Configuration provisioning 

HT801 

The HT801 delivers powerful VoIP technology and routing capabilities to home and 

office environments, and allows users to successfully connect their analog devices 

to a manageable and powerful VoIP network. Built upon Grandstream’s market-

leading SIP ATA/gateway technology, with millions of units successfully deployed 

worldwide, this powerful ATA features exceptional voice quality in various 

applications and environments. The HT801 comes with 1 easy-to-use FXS ports, 

state-of-the-art encryption with a unique security certificate per unit, automated 

provisioning for volume deployment and device management and outstanding 

network performance. 



 

Features 

 Supports 1 SIP profile through a single FXS port and a single 10/100Mbps port 

 TLS and SRTP security encryption technology to protect calls and accounts 

 Automated provisioning options include TR-069 and XML config files 

 Supports 3-way voice conferencing 

 Failover SIP server automatically switches to secondary server if main server loses con-

nection 

 Supports T.38 Fax for creating Fax-over-IP 

 Supports a wide range of caller ID formats 

 Use with Grandstream’s UCM series of IP PBXs for Zero Configuration provisioning 

 Supports advanced telephony features, including call transfer, call forward, call-waiting, 

do not disturb, message waiting indication, multilanguage prompts, flexible dial plan 

and more 


