Analyzing VOIP



Analyzing VOIP

What constitutes poor quality?

How can Wireshark help?
* Analyze the flow of calls

Wireshark tools
* View quality in the player

* Analyze response time in the Packets List or Flow
Graph

 Use the Expert
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From 200.57.7.196:40376 to 200.57.7.204:8000 Duration:26.40 Drop by Jitker Buff:000.0%5) Out of Seq: 0{0.0%5) Wrong Timestamp: 16(1.8%5)
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From 200.57.7.204:8000 to 200.57.7.196:403756 Duration:24.29 Drop by Jitter Buffi6(1.1%5) Out of Seq: 0(0.0%) Wrong Timestarmp: 7(1.3%5)

View as time of day
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Wireshark can help locate problems in a
VOIP network

Using Flow Graph

Do we have packets that are being retransmitted?

RTP stream analysis
* View out-of-order packets
* View cancelled packets
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Al Wirezhark: RTP Stream Analysis — - -— M S Y g RS @éﬂ
Forward Direction | Rewversed Direction |
Analysing stream from 200.57.7.204 port 8000 to 200.57.7.196 port 40376 55RC = 0xD2ED4EZE
Packet 4 Sequence 4 Deltaims) 1 Filtered Jitter{ms] = Skew(ms) 4 IP BWikbps 4 Marker 4 Status 1 -
3831 533 047 7.41 317.66 81.60 [ Dk] T
3472 4323 3592 7.04 27313 14.40 [ Dk] N
3838 534 1983 6.95 317.83 81.50 [ Ok] ]
3441 425 1008.29 692 270.27 1.60 [ Ok] :
339a6 424 047 6.83 278.55 81.50 [ Dk] N
3807 527 047 6.81 317.72 83.20 [ Ok] R
| ]
3540 535 23.44 6.73 314.39 81.50 [ Dk]
| |
I 3444 426 16.83 6.69 273.44 3.20 [ Dk] 1N
i Max delta = 5843.74 ms at packet no. 2195
Max jitter = 7.41 ms. Mean jitter = 2,60 ms.
| Pax skew = 319.29 ms.
r Total RTP packets = 548 (expected 548} Lost RTP packets = 0 (0.00%) Sequence errors = 0
Duraticon 24.12 s (153 ms clock drift, corresponding to 8051 Hz (+0.643%5)
Sawve payload... ][ Sawe as C5V... ][ Refresh ][ Jump to ][ Graph ][ Player ][ Mext non-Ck H Close ]
B




Questions?



