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MICROPHONE CONSOLE

HIGHLIGHTS

The M100 Dispatch Microphone Console is a versatile and high-performance SIP-enabled 
device for seamless communication. It features 30 programmable fast keys that can be used 
for paging, intercom, music playback, outbound phone calls, and emergency alarm activa-
tion. With multicast and peer-to-peer technology, it serves as a standalone serverless con-
sole for individual and group paging, internal calls, and more. The console also allows users 
to save music and prerecorded messages in the local storage TF card, ensuring reliable and 
efficient communication capabilities. The M100 Dispatch Microphone Console is ideal for a 
wide range of industries, including emergency services, schools, transportation, and hospi-

tality, thanks to its advanced features and reliable performance.

 Server-less paging up to 30 zones

 M100 uses multicast technology and a sophisticated controlling mechanism to 
 enable communication to up to 30 zones or individual devices without the need
 for a separate server

External Music Collection

With the M100, you can easily connect an external music source, such as an 
MP3 to play music through the system, providing a convenient way to 
play other audio content.

 Music and Pre-recorded Message

The M100 features a TF card slot that allows you to store and play pre-recorded 
messages and music within the device's system, making it ideal for 
announcements or background music.

 Standard SIP Integration

Standard SIP protocol making it easy to integrate into existing infrastructure such 
as an IP-PBX, and to create a flexible and scalable communication system with other 
SIP-based devices

 Versatile Functionality

In addition to its wide range of audio applications, the M100 can also send HTTP 
requests to external applications for certain actions, providing added versatility and 
functionality.

 Easy Installation with PoE

The M100 is designed for easy installation, with simple wiring by connecting it to an 
existing IP network with a PoE cable, eliminating the need for additional wiring or 
power supplies
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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


