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Becke WX1 VoIP is a brand-new entry-level VoIP, which greatly improves the work efficiency of enterprises with
advanced design and high cost performance.

☑ Simple, stylish product appearance;

☑ High cost performance and green product design concept;

☑ Easy installation and configuration;

☑ Supports 100M Ethernet-adaptive 10/100 Mbps network port to provide high-speed network

transmission,Supports POE power supply;

☑ High compatibility-Compatible with mainstream IP PBX/softswitch/IMS platforms based on SIP, such as

Asterisk;
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2 SIP lines Local phone book (500 items)

Black and white dot matrix screen VoIP book (XML/LDAP support, 500 items)

Handle/Handsfree/Headphone Mode Call records (missed calls/incoming
calls/outgoing calls, support 600 records)Tabletop typee Power adapter

Dial Out/Answer/Denye mute/unmute
(microphone)

Blacklist/Whitelist

Call hold/resume Voice message waiting prompt (VMWI)
Call waiting User-defined soft buttons
Intercom function Network time synchronization
Caller ID Support recording (server recording)
Speed Dial Action URL/Active URI
Call Forward (Unconditional/Busy/No Answer) uaCSTA

Call Forwarding (Present/Non-Present) Narrowband encoding: G. 711a/u, G. 723. 1, G.
726-32K, G. 729AB

Call residence/grab answer (requires
cooperation with server)

Full duplex hands-free calling with acoustic echo
cancellation (AEC)

Redial/Auto-Redial Speech Activity Detection (VAD)/Comfortable
Background Noise Generation
(CNG)/Background Noise Biodetection
Measurement (BNE)/Noise Reduction (NR)

Do not disturb

Automatic response Packet loss compensation Packet Loss
ConcealmentVoicemail (with server required)

Tripartite meeting Dynamic adaptive jitter cache up to 300ms
Hot Line DTMF: > In-band, out-of-band-DTMF

forwarding (RFC2833)/SXP INFOShared phone (Hot desking)

SIP2.0 over UDP/TCP/TLS Display: 128 x 48 dot matrix screen with
backlight

RTP/RTCP/SRTP Keyboard: 24 keys, includingding

A 4 Dynamic Soft Keys

A 4 function keys (up/down/headset/redial)

A 12 standard telephone numeric keys

2 sound control keys, down (left)/up (right)

A 1 mute key

1 hands-free key

STUN
DHCP

PPPoE

802. lx
L2TP

OpenVPN

SNTP

FTP/TFTP Standard RJ9 handle curve xl

HTTP/HTTPS 1. 5M CAT5 network cable xl
TR-069 Phone stand xl
Auto-Provisioning via
FTP/TFTP/HTTP/HTTPS/DHCP
0PT66/SIP PnP/TR-069

RJ9 interface x2: handle xl, headset xl

Web page management interface RJ45 interface x2: network xl, PC xl (network
bridge mode)Web-based Packet-dump

Configure Export/Import DC input: 5V/0.6 A
Phone book import/export Power consumption: standby 0.89 "1.2 W, peak

1.81" 2.5WSoftware upgrade
Syslog Operating temperature: 0 ~ 40 ℃
10/100 Mbps Ethernet (Bridge Mode) Relative humidity: 10 ~ 95%

IP acquisition method: static IP
setting/DHCP/PPPoE

Installation method: Desktop type

Support 802. lx network access authentication Color: Black

Virtual private network VPN: L2TP/OpenVPN Product Dimensions : 153x165. 8x163. 1mm
Virtual local area network (VLAN) Package size: 250x205x66mm (L x W x H)

Quality of Service Assurance (QoS) Outer carton size: 420x340x265mm (10 sets)

Detailedparameters


