
SIP-T19P E2 l￠＠ｭộｴ＠ｴｲｯｮｧ＠ｮｨữｮｧ＠｣￢ｵ＠ｴｲả＠ｬờｩ＠ｭớｩ＠ｮｨấｴ＠｣ủ｡＠ｙ･｡ｬｩｮｫ＠｣ｨｯ＠｣￡｣＠､ｮｧ＠
đｩệｮ＠ｴｨｯạｩ＠ｉｐ＠ｶớｩ＠ｮｨｩềｵ＠ｴ￭ｮｨ＠ｮăｮｧ＠ｶ￠＠ｨｩệｵ＠ｳｵấｴ＠｣｡ｯＮ＠Đượ｣＠ｳảｮ＠ｸｵấｴ＠ｶớｩ＠｣ｨấｴ＠ｬｩệｵ＠｣｡ｯ＠
｣ấｰＬｭ￠ｮ＠ｨ￬ｮｨ＠ｌｃｄ＠ｶớｩ＠độ＠ｰｨ￢ｮ＠ｧｩảｩ＠ＱＳＲｸＶＴ＠ｰｩｸ･ｬ＠ｨｩễｮ＠ｴｨị＠ｲ＠ｲ￠ｮｧ＠ｧｩｰ＠｣ｨｯ＠ｮｧườｩ＠
､ｮｧ＠ｳữ＠､ụｮｧ＠ｭộｴ＠｣￡｣ｨ＠ｭượｴ＠ｭ￠Ｌ＠､ễ＠ｳữ＠､ụｮｧ＠ｶớｩ＠ｭ￠ｮ＠ｨ￬ｮｨ＠ｴｲự｣＠ｱｵ｡ｮＬ＠ｴｨ￢ｮ＠ｴｨｩệｮ＠
ｶớｩ＠ｮｧườｩ＠､ｮｧＮ＠ｈ｡ｩ＠｣ổｮｧ＠ｭạｮｧ＠ＱＰＯＱＰＰ＠ｍ｢ｰｳ＠ｴ￭｣ｨ＠ｨợｰ＠｣ｮｧ＠ｮｧｨệ＠ｐｯｅ＠Ｈ＠｣ｵｮｧ＠｣ấｰ＠
ｮｧｵồｮ＠ｴｨ･ｯ＠đườｮｧ＠･ｴｨ･ｮ･ｴ＠ＩＮ＠ｓｉｐ＠ｔＱＹｐ＠ｅＲ＠ｈỗ＠ｴｲợ＠Ｑ＠ｖｯｉｐ＠｡｣｣ｯｵｮｴＬ＠､ễ＠､￠ｮｧＬ＠ｴｨｵậｮ＠
ｬợｩ＠｣ｨｯ＠ｶｩệ｣＠｣￠ｩ＠đặｴＬ＠｣ｮｧ＠ｶớｩ＠ｶｩệ｣＠ｨỗ＠ｴｲợ＠ｉｐｶＶＬ＠ｓｒｔｐＯｈｔｔｐｓＯｔｌｓＬ＠ｖｌａｎ＠ｶ￠＠ｑｯｓＮ＠＠
ｔＱＹｐ＠ｅＲ＠ｈỗ＠ｴｲợ＠ｳữ＠､ụｮｧ＠ｨ･｡､ｳ･ｴＬ＠ｴｲ･ｯ＠đｩệｮ＠ｴｨｯạｩ＠ｬ￪ｮ＠ｴườｮｧ＠ｶ￠＠đượ｣＠ｴｨｩếｴ＠ｫế＠ｳ｡ｯ＠
｣ｨｯ＠ｴốｩ＠ưｵ＠ｴｨấｴ＠｣ｨｯ＠､ｯ｡ｮｨ＠ｮｧｨｩệｰ

SIP-T19P E2 

> M￠n h￬nh LDC độ ph￢n

   giải 132 x 64-pixel 

> 2 port chuyển đổi Ethernet

> Hỗ trợ PoE 

> Hỗ trợ 1 t￠i khoản SIP

> Hỗ trợ Headset

> Hỗ＠ｴｲợ＠ｭ｣＠ｴｲ･ｯ＠ｴườｮｧ＠ｴｩệｮ＠ｬợｩ

   ｣ｨｯ＠ｶｩệ｣＠｢ố＠ｴｲ￭＠ｴｨｩếｴ＠｢ị

> Dễ＠､￠ｮｧＬ＠ｴｨｵậｮ＠ｴｩ￪ｮ＠ｶ￠＠ｬｩｮｨ＠ｨｯạｴ
ｴｲｯｮｧ＠｣￡｣＠ｴｹ＠｣ｨọｮ＠ｐｲｯｶｩｳｩｯｮｩｮｧ

C￡c t￭nh năng v￠ tiện ￭ch
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Tｨnｧ số ｫ  tｨｵật  SIP-T19P E2 

Audio Features

> Codec: G.722, G.711(A/μ), G.729AB, G.726, iLBC 

> DTMF: In-band, Out-of-band(RFC 2833) and SIP

   INFO 

> Full-duplex hands-free speakerphone with AEC 

> VAD, CNG, AEC, PLC, AJB, AGC

IP-PBX Features 

> Anonymous call, anonymous call rejection 

> Hot-desking, emergency call 

> Message Waiting Indicator (MWI) 

> Voice mail, call park, call pickup 

> Intercom, paging, music on hold 

> Call completion

Phone Features 

> 1 VoIP account 

> Call hold, mute, DND 

> One-touch speed dial, hotline 

> Call forward, call waiting, call transfer 

> Group listening, SMS 

> Redial, call return, auto answer 

> Local 3-way conferencing 

> Direct IP call without SIP proxy 

> Ring tone selection/import/delete 

> Set date time manually or automatically 

> Dial plan 

> XML Browser, action URL/URI 

> Integrated Screenshots 

> RTCP-XR

Directory 

> Loal phonebook up to 1000 entries 

> Black list 

> XML remote phonebook 

> Intelligent search method 

> Phonebook search/import/export 

> Call history: dialed/received/missed/forwarded

Display and Indicator

> 132x64-pixel graphical LCD  

> LED for call and message waiting indication 

> Intuitive user interface with icons and soft keys 

> National language selection 

> Caller ID with name, number 

> Wall mountable 

> External universal AC adapter (optional)： 

AC 100~240V input and DC 5V/600mA output 

> Power consumption (PSU): 0.9-1.25W 

> Power consumption (PoE): 1.2-2.5W 

> Dimension(W*D*H*T):

   185mm*188mm*143mm*38mm 

> Operating humidity: 10~95% 

> Operating temperature: -10~50°C

Feature keys 

> 6 features keys: message, headset, redial, tran,

   mute, hands-free speakerphone 

> 5 navigation keys 

> Volume control keys

Interface

> 2xRJ45 10/100M Ethernet ports 

> Power over Ethernet (IEEE 802.3af), class 2 

> 1xRJ9 (4P4C) handset port 

> 1xRJ9 (4P4C) headset port 

Package Features 

>  Qty/CTN: 10 PCS 

>  N.W/CTN:  9.6kg 

>  G.W/CTN: 10.7kg 

>  Giftbox size: 215mm*200mm*121mm 

>  Carton Meas: 630mm*436mm*210mm

Other Physical Features

Network and Security 

> SIP v1 (RFC2543), v2 (RFC3261)

> NAT transverse: STUN mode 

> Proxy mode and peer-to-peer SIP link mode 

> IP assignment: static/DHCP 

> HTTP/HTTPS web server 

> Time and date synchronization using SNTP 

> UDP/TCP/DNS-SRV(RFC 3263) 

> QoS: 802.1p/Q tagging (VLAN), Layer 3 ToS

   DSCP 

> SRTP for voice 

> Transport Layer Security (TLS) 

> HTTPS certificate manager 

> AES encryption for configuration file 

> Digest authentication using MD5/MD5-sess 

> IEEE802.1X 

> IPv6

Management

> Configuration: browser/phone/auto-provision 

> Auto provision via FTP/TFTP/HTTP/HTTPS

   for mass deploy 

> Auto-provision with PnP 

> Zero-sp-touch,TR-069

> Reset to factory, reboot 

> Package tracing export, system log

Certifications
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> Phone lock for personal privacy protection

> Call server redundancy supported 

REACH


