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PMS-80

PMS-80 is an easy-to-configure and delicate diminutive IP PA system for small and medi-
um-sized enterprises worldwide. PMS-80 is well suited for small businesses with up to 80 
speaker and meets all the needs of public address system. PMS-80 supports mixed network-
ing of SIP speakers  and VoIP phones. Equipped with the brand-new software 4.0 system, 
PMS-80 can provide users with more convenience in application and management. 

 Feature Highlights
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3rd Party Compatible

In addition to the built-in 
phone system functions, 
PMS-80 is also compatible 
with third-party SIP systems, 
including standard SIP end-
points, CRM systems, and 
collaboration tools to expand 
the existing IP voice commu-
nication funtion

Remote Management System

The control center can 
manage each authorized IP 
PA in a uni�ed manner 
through the remote manage-
ment system, realizing 
remote switching o� equip-
ment, viewing real-time data, 
and collaborative user trou-
bleshooting.

 Operator Panel

 The Operator Panel is a com-
prehensive software specially 
designed for the PMS series 
of IP PA. By using the Opera-
tor Panel, users can achieve 
features such as live paging, 
emergency paging, 
high-quality background 
music, scheduled paging, 
scheduled music, etc.
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Software Specifications

 System 
Capacity

  PA 
Features

   Feature 
Highlights

IP Phone Auto Provisioning (PNP & Quick Register Code)
SIP Proxy (NAT Traversal)
Open API Interface for Seconda Development to Connect with 3rd Systems
Multilingual Interface: Simplifed Chinese, Traditional Chinese, English, Spanish, Czech, Korean
Multilingual System Voice: Chinese, English, Spanish, French and other 24 languages

   Multi-level
 User

 Administration

Admin user: All Privileges
Operator user: Extensions, , CDR, recordings, etc.
Operator panel user

    Security

 Firewall based on iptables
 Geo-IP (Security policy based on IP address geographical locations)
 Intrusion auto detection and prevention
 IP Black/White List
 Extension Permit IP
 Data Backup and Recovery

 Network 
Features

Network (WAN): Static IP, DHCP, PPPoE
VPN：PPTP，OpenVPN，
Static Routing
DHCP Server
VLAN（WAN&LAN Interface）
Virtual IP
SIP Proxy (NAT Traversal)

  Protocols
 & Codecs

SIP(RFC3261), IAX2
DTMF(RFC4733, SIPINFO,In-Band)
Transport Protocols:UDP,TCP,TLS,SRTP
Network Protocols:IPv4, IPv6, VLAN, DHCP, PPPoE, DDNS, NTP, SNTP, TFTP, SSH, HTTPS, 
LDAP
Video Codecs:VP8,H.264,H.263+,H.263,H.261
Audio Codecs:Opus, G.722, G.711(a-law,u-law), G.729, G.726, GSM, SPEEX,AMR,AMR-WB

 

Maximum 30 Paging Groups
 

80 Users
80 Zone 
Announcement
400 hrs Recording 
(Internal Storage)
Unlimited SIP/IMS Trunks 
(Max)

1TB USB Expansion Storage 

 Caller ID
 Video Call
 Conference Call

Voicemail
Wakeup Call
Do Not Disturb
Time Conditions
Paging & Intercom

PA Zone 
Groups
Background Music
Task
Scheduling
Call Transfer
Call Waiting
Speed Dial
IVR (Multi-layer 
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DXP-72XX  Technical Specifications

Basic functions 2.8 inch LDC Display, 8 SIP accounts, Call Forward, Call Transfer, Call Waiting, Hotline, Call Hold, Auto Answer, 
Redial, Mute, DND, Local 3-Way Conferencing, Speed Dial, Voice Mail, Local Phonebook (up to 1000 ), Direct IP 
call without SIP proxy, Black list, Dialed/Received/Missed/Forwarded call (400 total), Call Center Headsets mode

Shortcut functions Multi-scene feature, Guide user document, 25 programmable keys, One key to arrive menu, One key to read 
the phone information, Intelligent search for phonebook, Dial assistant

IP PBX Features Intercom, Paging, Call pickup, Call park, Anonymous call, Anonymous call rejection, Hold on music, Conference 
Call, Group pickup, DND & Call forward state synchronization, Call Recording

Mult-language English, German, Italian, French, Spanish, Portuguese, Russian, Simplified or Traditional Chinese, Polish, 
Turkish, Hebrew

Advanced Features LDAP, XML remote phonebook, Action URL, Active URI, CSTA, Multicast paging

Audio Features 5 ringtones (system ringtone or custom ringtone) article, 8 volume adjustable & Mute mode, Narrowband 

codec: G.711(a/μ), G.729A/B/AB, G.726, iLBC, OPUS, Wideband codec: G.722, L16, Support VAD, CNG, 

AEC, PLC, AJB, AGC, Full-duplex speakerphone with AEC

Network Features IPv4&IPv6, VLAN, LLDP, Open VPN, IEEE 802.1X, STUN NAT Traversal, RPORT. Support Qos (IEEE802.1Q/p 
VLAN tagging) and layer 3 QoS (ToS, Diff Serv,MPLS). SIP connection mode: Proxy mode, Peer to Peer. 
Support DNS SRV (RFC3263). DTMF: In-band, RFC2833, SIP INFO. HTTP/HTTPS web server. LAN/PC: 
support bridge mode, Support auto negotiation, Package tracing via PC port. Package tracing
export by web. Support DHCP Option12 host name and Option 60 Vendor Class ID. Support syslog

Security TLS, HTTPS, SRTP (RFC3711), Digest authentication using MD5/MD5-sess, AES encryption for 
configuration files, Phone lock, The administrator/user level access control

Management Configurable through web interface/phone

Auto provision FTP/TFTP/HTTP/HTTPS, DHCP Option 66 or custom Option 128~254, PnP, Redirection Provisioning Service 
(RPS), TR069, Import/Export CFG file via web, Generate multiple configuration files via tool, Periodic check 
and update

Physical Power Interface: DC 5V-0.6A, PoE power supply: IEEE 802.3af Class 2 (D21) 2x RJ45 10/100M adaptive 
Ethernet ports, 1x RJ9 headphone jack, 1x RJ9 handset jack

Keys Features 1 Status Indicator,  8 Line keys, 4 Soft keys, 5 Navigation keys, 2 Volume keys, 6 Function keys (Voicemail, 
Mute, Redial, Headset, Hands-free), 1 Multi-scene key

Temperature and Humidity Operating temperature: -10 ~ 50°C, Operating humidity: 10 ~ 90%

Package Qty/CTN: 10 PCS, G.W/CTN: KG, Gift box size: mm(L) *mm(W) *mm(H) Carton Meas: mm(L) * mm(W) 

*mm(H)

Certifications CE: EN60950, EN50332, EN300328 V1.9.1 FCC: Part15, Part15.247

PBX Compatibility Broadsoft    Asterisk    Elastix    Trixbox  Freeswitch  Huawei  Avaya  Mitel  Unify  ZTE  Epygi
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Application Scenarios

 Hardware Specifications

Specifications

CPU

RAM

Storage （SD Card）
USB (Extended Storage Supported)

Ethernet Interface

Console Port

Reset Key

Power

ARM  4 Core

1GB

8G SD Card (Industrial grade)

1 Port（File system format：FAT16, FAT32, EXTFAT, NTFS, EXT3, EXT4）
WAN，LAN（10/100Mbps）
1 Port（Rate 115200）
Support

DC 12V-1A


