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Uvod

Surveyor 7.0

Generovani statistiky kvality zachycenych hovoru
Zavadi mereni R-faktoru

Podporuje H.323, SCCP, SIP, MGCP, RTP
Real-time statistiky stavu volani

RozsSireni metrik kvality hovoru



Podporovane metriky méreni QoS

. L aLB

Sitovy a uzivatelsky
MOS (Mean Opinion Score)
MOS-LQ (Listener Quality)
MOS-CQ (Conversational Quality)



Problematika mereni kvality

P.862 (PSQM)

Techniky merici zkresleni siti nebo kodekem
Analyza odeslaneho a nasledne prijateho souboru
Vystup : PESQ

P.563
Mereni provadi pouze prijimajici
Presnéjsi nez PSQM
Potfeba vétSiho vzorku hovoru



Zakladni typy mereni kvality

Listening Quality
Conversational Quality
Transmission Quality



MOS - *Q

MOS - LQ
Odhadovana kvalita hovoru na strané posluchace
Jednotky : MOS
Odhad nezahrnuje kvalitu spojeni, ani konverzace
MOS - CQ
Odhadovana konverzacni kvalita hovoru
Jednotky : R-faktor
MOS - PQ (PESQ MOS)
Odhadovana kvalita volani
Mapuje R-faktor na PESQ



S7.0 - Multi-QoS modul

Umoznuje zakladni konfiguraci specifickych
identifikatoru zachycenych volani pred
spustenim analyzy

Jitter

MOS - {CQ,LQ,PQ}
sitovy R-faktor
uzivatelsky R-faktor



S7.0 - Multi-QoS modul

Umoznuje detailni analyzu pomoci “Capture
View”
Call Health
Avg Packet Discard Rate
Avg Jitter



S7.0 — Call Details

H.323 signalling — podporuje statistiky pro H.323 (Alias, Version, Setup Time, Fast Start, ..),
statistiky pro H.225.0 (Q.931 port, Routing GK, Release code, ...) a statistiky pro H.245 (Port,
Routing GK, GK Routed).

Audio Channel (Dest to Src) - podporuje statistiky pro:

Session Info (Cname, User Name, SSRC, Payload type, ...)

RTP Statistics (Source port, Packet count, Lost packets, jitter, ...)

RTCP Statistics (RTCP Byte count, SR and RR and SDES count, RTP Lost Packets, jitter, ...) a to
urCené pomoci protokolu RTCP a pomoci programu Serveyor

Quality (Network R-factor, User R-factor, MOS-LQ, MOS-CQ, MOS-PQ, Normalized Delay,
Degradation parameters, ...)

Audio Channel (Src to Src) — shodny s predchozim uvedenym



S7.0 — Call Analysis & Playback

Analysis
Zobrazuje grafické ¢asové prubéhy
Packet Loss, Discard, Jitter [ % |

Faktory degradace
Codec, Packet Loss, Delay, Jitter, Recency

Playback

Prehravani konkrétniho kanalu
Moznost exportu do .wav



Zobrazeni statistik pro Details — Audio Channel (Dest to Src) - RTP

[ H323 Detail Call ¥iew - Call ID: 5 {Capture)

=)

H. 323 Signaling

Audio Channel
[Dest-»Src] - [0

Audio Channel
[Src-rDest] - [1]

Call Descrpbon

Source Address:
Destination Address:
Start Time:

End Time:

Duration:

Staus:

Session Info | Qualty RTP Statistics

Source Port
Destination Port
Low Sequence Mumber:
High Sequence Mumber:
Packet Count
Byte Count

Session Statizhcs

Lost Packets:

E stimated Endpoint

Packet Discards:

Jitter [ms}

M inirmum Jitter [ms}

I asirnum Jitter [me}

[195.112112134)
[195.113.144.77)
13Histopad-04 14:06:43
13Histopad-04 14:06:53
000010

Call Complete

RTCP Statiztics

17712
500
0

21
222
4740

259 mz
113 ms
513 ms




Zobrazeni statistik pro Details — Audio Channel (Dest to Src) - RTCP

H323 Detail Call ¥iew - Call ID: 5 {Capture)

Call Dezcrption

'%IIZI_ Source Address: (195.113.113.134) .
] D estination Address: M95.113.144.771 '
H.323 Signaling Start Time: 1%istopad-04 14:06:49 '
End Tirne: 13istopad-04 14:06:59
Dwration: 00C:10
% Statvis: Call Complete
Audio Channel
[Dest-xSne) - (0]
-------- % b SessionInfo | Qually | RTP Statistics ~ RTCP Statistics
Audia Chanrel
[Sre-rDest] - (1)
RTCP Byte Count: 482 RTCP Packet Count: 3
SA Count: 2 BYE Count: 1
AR Count: 1 APP Count: 1]
SDES Count: 3 Unk Count: 1]
Reported by RTCP Reported by Surveyar
RTF Packet Count 170 RTF Packet Count: 222
RTF Payhoad Byte Count 26961 RTF Frame Byte Count: 47460
RTF Lost Packets: 0 RTF Lost Packets: ]
Highest RTP Seq Mumber: 172 Highest RTP Seq Mumber: 221
Average Jitter [ms} 28463 Averane Jitter [mz]: 269 ms
inirnum Jitter [ms} 28463 Miriarmiurn Jitber [me]: 1.24 mz
bl asarnum Jitter [mes) 28463 M asanmum Jitter [mz]: 297 ms




Zobrazeni statistik pro Details — Audio Channel (Dest to Src) - Quality

[ H323 Detail Call Yiew - Call ID: 5 {Capture)

=)

H.323 Signaling

Audio

K

Audio Channel
[Sro-xDest] - [1]

Call Descnption
Source Address:
Destination Address:
Start Time:

End Time:
Diurabon:
Stabus:

[195.112113.134)
[195.113.144.77)
13Histopad-04 14:06:49
13Hiztopad-04 14:06:59
000010
Call Complete

Seszsion Info  Quality | RTP Stahshcs I RTCP Statiztics

Session Quality

Metwork R Factor:

Uszer B Factor

E stimated MI05-10:

E stimated MIOD5-C0:

E stimated MIOD5-F0:
kit ax Metwork B Factor:
Mintdax Uzer B Factor
Momalized Delay [ms}

CODEC Degradation:
Packet Lozs Degradaton:
Delay Degradabon:

Jitter Degradation:
Recency Degradaton:

a3

32
4.20
418
4.27
93433
92433
9.92

0,00z
0,00z
0,00z
0,005
0,005



Zobrazeni statistik pro Analysis — Network QoS (Dest to Src)

[ H323 Detail Call ¥iew - Call ID: 5 (Capture)

T |Network 005 (Dest>5re) - (0] -
g ]
)
o Analysis Detailz
2 s Y
o
§ Packet Loss:
= g ; ; ; ; . ; Ayerage: 0.00 2
14:06:51 14:06:53 14:06:55 14:06:57 MirirnLim; 0.00 %
b airnirn: 000 %
10
o Digcard A ate:
= Average: 000 %
g 0 Miriirnuimn: 0,00 %
g b airnLim: 0,00 %
0 ' : : : ' : Jitter:
14:06:51 14:06:53 14:06:55 14:08: 57 ’
Average: 269 ms
-0 ke irnirnamn: 1.24 m=
' b amirnLim: 297 m=
W
E
s 1,07
=]
=
0,0
14:06:51 14:06:53 14:06:55 14:06:57F

Channel Details

Source Address: [195.113.144.77) Signaling Protocal:  H3Z3
Destination Address: [195.113.113.134) Payload Type: PChU



Doplnujici funkce analyzy provozu

Protocol Distribution
Statistiky pouzitych protokolu
Application Layer Host Table

Zobrazeni sitoveé aktivity z pohledu aplikacnich
protokolu bézicich na danych stanicich

Application Layer Matrix

Zobrazeni sitoveé aktivity z pohledu aplikaci bezicich
mezi parem sitovych stanic

Expert View
Nejdetailngjsi pohled na dostupny sitovy provoz



