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An system view of VoIP Quality
& Management



Company Logo

TANet voip platform

縣市區網交
換平台



Carrier voip management

• First voip in 1985, Israeli

• CHT start deploying voip around 2000

• Gentrice Working with MYCOM for voip traffic
management including IPv6 traffic

– MYCOM, UK-based company,

– 2007 , invest NTD$ 1 billion setup R&D in taipei

– Telcom grade performance management solution 
provider

– Service assurance



EMEA
London, UK 
Paris, France

Americas
Atlanta 
Dallas
Orlando

APAC
Bangkok , Thailand
Taipei, Taiwan
Jakarta, Indonesia
Beijing, China

R&D CentresHeadquarters Offices
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YUFAL4YUFAL4 Asia

BSNL India

CAT Thailand

SKT Korea

Celcom, Malaysia

Etc.

EMEA

SFR

VF UK

VF Spain

Telefonica-O2 UK

Telefonica-O2 Germany

Orange

STC

Maroc Telecom

Etc.

Americas

BTC, Bahamas

AT&T Dobson ,US

Claro, Guatemala 

Etc.

Strong presence with major operators

Slovakia
France

UK, Italy
France
Spain

UK
Germany
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Mobile Connectivity
Media Gateways
GGSN
PDSN

Application Layer
IPTV
IP Video Conference
VoIP
Push to Talk

RBT
SMS
MMS
VMS

HSS
HLR
AAA

Subscriber Management

WiMAX
BS/ASN GW

CDMA/EV
BTS/BSC

GERAN
BTS/BSC

Wireline
SDH/MPLS
Metro/Carrier

UTRAN
Node-B/RNC

Session Management

MPLS
LER/LSR, Switch

SGSN
Soft Switch
IMS Nodes
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Predictive 
Management 

Traffic pattern profiling/alarm identifying potential 

customer problems

Service/network level capacity planning/ forecasting

Proactive Management:

impact analysis for 
proactive customer 
management

Customer impact analysis as part of trunk and other 

NGN resource QoS degradation

Aggregated call/customer experience measure allowing 

to anticipate customer complaints

Reactive Management: 

reduce mean-time to 
repair

• Troubleshoot performance related problem at the call 

trace level through drill-down

• Correlation of resource and traffic related statistics

• Root-cause analysis: querying of low-level SIP 

protocol information



• Rich set of KPI, KQI

• Call relative information

• Capacity planning, service 
optimization

• Customers experience management

• SIP mediation/correlation

• Service trouble identification/ trouble 
shooting 
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Challenge

• Network

– Carrier: Closed environment, managed network

– TANET: Open environment, unmanaged network

• Service

– Carrier: standard feature

– TANET: has to support value-added apps

• Human resource

– Carrier: full time, dedicated empolyee

– TANET: project based



Call based voip quality
management



Some test in lab

• Active test call

• Passive call monitoring



主動式偵測

• Dial by SIP /PSTN

• Test voice qulaity, sip signaling, DTMF …

• Service availability



系統構成

• Dialer

– An application to make SIP/PSTN call

• Analytical part

– Comparing the audio

• Reporting

– Mysql store the CDR with MOS,PESQ



Pre-processing

• Calculate RMS Amplitude

– sox $sourcefile.wav -e stat

• Adjust amplitude

– sox -v $amp_multiplier degraded.wav adjusted-
degraded.wav

• Silence Trim

– sox degraded.wav trim1.wav silence 1 0 -60d

– sox trim1.wav trim2.wav reverse

– sox trim2.wav trim3.wav silence 1 0 -60d

– sox trim3.wav trim4.wav reverse



聲波比較



Call quality Visualization

MOS

PESQ

Volume



偵測方式



Add test server



Schedule calls



Quality graph



IP Telephony
• Why IP telephony

– lower cost

– efficient use of the data network bandwidth

• Issues in IP telephony
– Transmission quality

– Latency

– Ease of use

– Bandwidth

– Transparent



Voice Quality and Delay

• Degraded voice quality

– high compression ratio

– dropped/late packets

– out of order packets

• Delayed voice

– non-deterministic network traffic

• How much human can tolerate?



Bytes
G.723.1

kbps
G.729a

kbps

Coder

RTP

UDP

IP

Total

IPv6 Total

6.3 8.0

Frame size 30 ms 20 ms

12 3.2 9.6

8 2.1 6.4

20 5.3 16.0

40 16.9 30.0

54 20.7 51.2

Voice Coding Bandwidth



RTP monitoring



Delay distribution
(ArrivelTime(n) - ArrivelTime(n-1)) - (RTPtimestamp(n) - RTPtimestamp_B(n-1))



VoIP 架構



Company Logo

TANET 交換平台
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TANet 區網
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VoIP 
Gateway

LAN
Router

Router

民眾/台南區WiFi無線上網

DS3

PSTN用戶

PRI

縣網案例, 250所中小學,4000+ IP-Phone

IP

GSM

PSTN

GSM用
戶

Conference

System

Application 

System

Management

Server

Mail

System
Database 

Server

中心機房

LAN

Router

分點機關

Wi-Fi

行動電話用戶

AP

IVR

System

PBX
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台大範例

• 集中三處交換局

• 以PRI進行市話整合

• 跨校區voip連通
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架構圖
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IP-PBX voip規劃
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Application Structure

webCall
網路版

webCall
員工版

Skype
Client

Booking
webConference

Client

Personal
webConference

Client

Sip 
client

Sip 
client

Sip 
client

webCall
Server

Skype Trunk
Server

webConference
Server

IP PBX

Internet



應用加值



Company Logo

Skype Trunk  (外 call 內)

使用Skype 輸入NTU的Skype代表帳號,
撥出接通NTU的IVR後,立即以鍵盤輸入分
機號,即可與指定分機號通話

IP-PBX 網路電話

IVR

二次撥號
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Skype Trunk  (內 call 外)

分機號－Skype帳號 對應表

Sip端 UA

IP-PBX
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電子白版整合

• 電子白版可配合sip協定，進行互動
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IP-CAM整合

• IP-CAM(網路攝影機) 

– RTSP 協定

– 用相同的SDP協定

• RTP 相同
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語音繳交作業平台
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Flash web call 整合
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Flash 多點線上會議系統
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班班有電話進線控制
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Google的整合

• 撥號整合
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表單回覆系統

• 填表即可產生ivr問卷系統

• 快速統計各班級回報



Company Logo


