11. prednaska

Mereni kvality sluzby
v IP telefonil




Co byste meli byt schopni

» \Vlysvétlit, proC je QoS pro sité VolP zasadni
» Rozlisit fizeni zabezpecCeni od predchazeni zahlceni

* Popsat, jak omezit Sirku pasma pouzivanou urcitymi
typy provozu

= UrCit strategii pro maximalizaci dostupné Sirky pasma site
WAN pro provoz VolP
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1. Co a ¢im meérime



Co zatezuje kvalitu sluzby

» Zpozdeni

= Casova nestabilita, kolisani velikosti zpozdéni paket(
pri pruchodu siti (angl. jitter) zpusobuijici zrychlovani
a zpozdovani v hovoru, pripadne mezery v hovoru

= Zahazovani paketu v dusledku zahlceni
vyrovnavacich pameti

= Kddovani a dekddovani



Vlivy ovliviujici kvalitu
feCoveho signalu

VLIV RECNIKA
¢ Kvalita reci ¢ Zpusob mluveni * Uloha
- muZ/Zena/dité - emotival projev - &eny diktat
- dialelt - rychlost mluveni - 1zolovana slova
- vady fedi - spontanni fed

- dialog s poditafem

-

\ VLIV PROSTREDI
b - okolni sum

- wvzdaleny hovor
- 0QZvéna

-

VLIV PRENOSOVEHO KANALU

odlifnost mikrofoni - zkresleni kanalu
zleresleni mikrofonil - vlastni qam kanalu
smeérove charakteristiky - odrazy

vzdalenost od mikrofoni - vipadky signalu




Specifika VolP

= Cas: do 150 ms

» /Zpozdene pakety se ignoruji

» Dopady vypadku: zdrcujici

= Uzivatelé: Kdokoliv

= Komplexnost: velmi velka

» Podpora: pres vsechny organizace



Priklad nabidky CoS v zavislosti
na parametrech sluzby

MPLS Service Perfformance Guarantees
(US Domestic Traffic)

Enhanced ¥PN Service!

AT&T

V erizon Business
Private |IP Service

Service Performance Parameters Service Performance Parameters
Class Delay Packet Class Jitter Delay? Pucket
Jitter (Found Trip) Delivery [Round Trip) Delivery
CoS = msec =104 msec PRI% Redl Time/ =AHmsac =100 msec P55
Voice

CoS 2 Mot =108 msec PRI Assured Mot =100 msec e
Applicable Forwarding® Applicable

CoS 3 Mot =120 msec F2.8%
Applicakble

CoS 4 Mot Mot Mot Best Efor =Amsec =100 msec 922959
Applicable Applicable Applicable

- ATETS SLA targets are defined end-to-end, and are applicable to USA Ecstern region fo USA Western region. They
cesume T1 access connectiors at each end point with tail circuits within 250km.
2V earizon Business computes round trip delay from provider edge to provider edge, so it is not directly comparatkle
to ATET's deloy performance
3-Yerizon Business actualy defines three sub-categorias within the Assured Forwarding class, but they all provide
the same delay and packet delivery parameters.




Jak ale parametry sluzby naméiime?
Priklad: NetQoS VoIP monitor




Surveyor

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

i | Network DS (Dest-»Src) - (0) -
9 i
&
0 Analysiz Dretail
505 nalyziz Details
o
fé Packet Loss:
& an . ] ] ] o ] Average: 0.00 %
14:06: 51 14:06:53 14:08:55 14:08:57 Miriirum: 0.00 %
b asirnam; 0,00 %
10
& Dizcard Rate:
= Average; 0,00 %
'E 03 Finimunn: 0,00 %
g b amimarm: 0,00 %
0,0 - - - - - - .
140651 140853 140855 140657 =
Beverage: 269 mz
o0 b irirmuim; 1.24 mz
! b asirnam; 297 mz
o
E
5 1,07
E
0,0+
14:06:51 14:06:53 14:08;:55 14:08;57
Channel Details
Source Address; [195.113.144.77] Signaling Protocal:  H323
Destination &ddress:  [195.112.113.134) Fapload Type: FChU

http://www.cesnet.cz/doc/techzpravy/2005/voip/surveyor.pdf




Observer

Méreni hodnot, sestavy QoS, expertni hloubkova analyza, agregované statistiky, predikce

ID / Stream Station 1/ Port | Station 2 / Poit | Etatu&l
— RTP 20012 33000
=R=] 1769706691277 207.218.140.178 Closed
= ¢ Zultys MX250 - "Devd"  207.218.140.178 207.218.141.123 Closed
4 SIP/SDP 5060 5060
—» SIP/SDP 5060 5060
=g Connection 3 207.218.141.123 207.218.141.125 Closed
« RTP 33000 33000
— RTP 33000 33000
4 RTCP 33001 33001
— RTCP 33001 33001
= &5 1930103421-277 207.218.140.178 Closed

(= T_" Zultys Mx250 - "Devd" 207.218.140.178 207.218.141.123 Closed
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Observer — ¢teni zprav NetFlow agenti

_ Subnet | RepotsSenp | StesmBecomucton | NeFlowAgen | Ewot

[VIVLAN Statistics
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Ukazka lokalizace probléemu
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Ukazka lokalizace probléemu
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\Va\" A 4

Co meérime

Narrow by Metric

Metric = Performance 5

MOS L} P I
Latency I B T T
Packet Loss - aaaaaseawes |
Jtter Butfer Loss - |
Post Dial Delay I | T .|

Delay to Dial Tone
Call Setup Failures
ACOM | . . . . . . . . . . . . . |

8 August 2007




Rozkmit (jitter)

Volajici: kodek G.711 generuje bloky 10 ms, dva vytvofi paket 20 ms

Volany je dava do ,jitter buffer vyhlazuje problémy s jitter, na druhé strané zpUsobuje zpozdéni.
Je zde problém optimalni délky bufferu (optimalizace vykonu pfi minimalizaci zpozdéni).
Konversace: dva nezavislé procesy.

6 7 5 4 3 2 1
oo T 2 aOar T

7 & 5 4 3 2 1
jitter buffer o O O O O o> T

| =
zpozdéni 80 ms

6 7 5 4 3 2 1
abai>al> o abal> T
7 ] 9 4 3 2 1

jiter buffer o > > > > > >

.

zpozdéni 120 ms
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Jitter méfeny na Observeru

Jitter (ms)

VA V7777777 AN
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Jitter individualn€ mapovany na Observeru

s Decode and Analysis - Buffer From File: \\207.218.140.100\share\Buffers\Ethernet\VolP\test-sony-vic. BFR

© st @-,‘.n.,.

Packets: 34,764 Packels Processed. 34,764 XZPackels Processed: 100 0%

Ql le ot g'SelhmJl \.;,'[chll Thresholds Tools

Expert Data
ﬁ
@ Jites
TCP Events
Sl I
@
UDP Everts
20
ICMP Eventy s
Sl
B o
IPX Events 60
& o
Ne®I0S
Everts @0

uax.
=
Connection
Dynarrecs 0%
g 0%
Tave Interval
Anslyos
g1«

Cacver

m:)m,(sm,(w T TopTaken A Povi ol £ \nlemel Observer A Apphcsion Andiysn A AP Sonics A WANVRSiSigra [
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Jitter— agregované hodnoty
meiene na Observeru

¥s Decode and Analysis - Buffer From File: \\207.218.140. 100\share\Users\billp\YolP.BF R

Agregované e‘x'-lll @‘.:lv;» Ql.v-.:r g}ﬁcllmql \'_;‘[xpeﬂ Thiesholds Tool: [ Refresh

Packets: 75610 Packels Processed. 75610 XPackels Processed. 100.0X

hOanty \ | VoiP Sunmory  Calls RIP/RICP Giaph € Settings

cxdown
Piotocol | Cols | Packets | XPackets| Bytes | Bpees | M |
= ) Protocol Totals -~
IPX Events = UOP
@ RTCP 8 % 0141 12870 0084 0,000
S RTP 3 ma KN 15234246 33576 0.008
NetBIOS I SWP/SDP 9 02 0145 52250 0.340 0000
Events | 2 O Protoccls by QoS
| = B8 Precedonce 0
& = um UoP
VolP WE RICP 98 013 12740 0083 0.000
Events E RTP 69165 «|Es 15070796 98121 0008
Bl SIP/SOP m 0145 52250 0320 0,000

= EE Precedence 7
S e e e e
R RICP 1 oon 130 0.001 0000 v

& Expest Analyziz
- VolP Call Indial Sedup Dusstion [sec) 11,64 exceeded the threshold 5.00. for calt "Russel Shotts™ - 'Dev3”
VelP Call Indial Setup Dusation (sec) 6. 26 exceadad the thrashold 5.00. for calt 2296617866-3099
Dynsiecs Vol Call Intial Sedup Dusation [sec) 31,73 exceeded the thieshold 5.00. foe cat 1330103421:277
VolP MOS by Coll 3.36 fell belows the threshold 4.00. for colt *Fusscll Shoms™ "Devd™
0 x:s*s»q:ammu&mhwtwmw‘unggmm o
Sclo below the theeshold . 5" - "Dev.
RASONUILCL VP F s by Col 008k blow h hecuhd 3.0, fcok 225081 P 3060

Analysis |

> Decode { Summay £ Protoccls { Top Takers { Pas Matria) { Inteernt Observer £ ApplcationAnalysis £ AP Seastes (Wit Vaal S




/trata paketu

Jeden paket 20 ms, 5 paketu sekunda.

Lze pfehrat cely nebo Cast predchoziho resp. nasledujiciho paketu.
Duvody ztraty paketu: - zahlceni (napf. u siti FR),

- pfeteCeni fronty (branime prioritou),
- pfeteceni bufferu

- odliSna rychlost vysilajiciho a pfijimajiciho portu

Priklad: paket pozdé a mimo poradi:

zpozdéni 80 ms

20



M¢éfeni ztraty paketu

Hermel
Degraden]
ExcEz2ia

W E0959 0 S005
S5 to BTG

"I -
A0 2200 ATEAD W0 WEG A0 00 A 00F S0 W0 DE00 103000 W R I0 T0GED R 100E a0 10 a0 0 000 0E
nEea

28 May 2007 1622 - 1637

Pzl

Diegracied
Excassig

B 5059 o S005

Bidirectional
data overlaid
for comparison.

S0C5 b S039

1)
TEEDD 1522000 183430 152550 10200 163750 10300 163010 182150 103230 633530 A6 34 A0 10 6 00 18:2F 00
i)
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Zpozdéni

Zpozdéni pri G.729
(8 kbfs) (o v vr
Nejhure se méfi:
vzorkovani 0,1 - vzorkované
odovan 175 - syntetické (generujici umely provoz)
: (oba zplsoby s NTP)
paketizace 20
vystupni fronta 0,5
pristup na linku 10
smérovani X
pfistup na linku 10
vstupni fronta 0,5
jitter buffer 60
dekddovani 2
hlasové zafizeni 0,5
Celkem 121 + x
22




M¢reni zavislostt doby hovoru na MOS

Priklad zavislosti doby hovoru (svisla osa, sekundy) na pramérné kvalité prenaseného hlasu
béhem spojeni (vodorovna osa, MOS). Vlastni zavislost (prostrfedni kfivka) je ohraniCena
kfivkami 95% konfidencnich mezi.

200

180

160 - - -

140 -~

120 }---

100

80

50

40

20
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Detailni Casova analyza

Soucasti IP telefond (i vétSiny mobilnich) je detektor feCové aktivity VAD (Voice Aktivity Detektor).
Jde o zarizeni, které vyhodnocuje, zda ucastnik hovori nebo je v hovoru pauza a tudiz neni
zapotrfebi pfenaset signal. Timto lze uspofit az 50 % preneseného objemu dat (hovofi vétSinou
jeden z ucastnikl, neni tedy zapotfebi pfenaset hlas nepfetrzité obéma sméry). To pfinasi
usporu energie, omezeni vyzarovani mobilni stanice a snizeni zatizeni sité.
Detektor je nutné nastavit tak, aby spolehlivé rozpoznal fe€ od intervall ticha, tzv. "promik".
Chybnym nastavenim dochazi k ofezani feCovych intervalt — (clipping)

1 detekce feci

troven

clipping -

24



Podle pozadavku zpozdéni
vybirame napf. kodeky

Estimated MOS

Codec comparison—no packet loss

O

100 200 300 400 500
One way delay (ms)

s .7 ] ]

—— G.729
e (5.7 23-MPMLG
e 5.7 23-ACELP
e (.26
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Ztraty paketu navySuji zpozdéni

G.711 Random Packet Loss Performance

w07 pkt loss
mn | 7 pkt loss

w37 pkt loss

Estimated MOS

) p.‘cf loss

0 100 200 300 400 500
Total delay (ms)
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G.729 — mensi MOS, ale 1 menSi zpozdéni,
nezu G.711

G.729 Random Packet Loss Performance

E :; s (0% pkt loss
- 4 e | % pkt loss
% 3.0 mn 3% pkt loss
k7 , :; s 5% pt loss

0 100 200 300 400 500
Total delay (ms)
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2. Jak vyhodnocujeme



P.861 — PSQM

(Perceptual Speech Quality Measurement)

Doporuceni ITU-T P.861 (PSQM — Perceptual Speech Quality Measurement) byl donedavna
nejpouzivanéjsi algoritmus pro posuzovani kvality pfenosu hlasu. Sklada se ze dvou ¢asti,

kdy prvni je urena pro méfeni kvality hlasovych kodeku a druha pro méreni kvality pfenosu
hlasu v celém telekomunikacnim fetézci. Princip P.861 spodiva v porovnani amplitud
vykonovych spekter sobé odpovidajicich useku plvodniho a pfeneseného signalu.

Délka ramcu, na které je feCovy signal délen, je pfiblizné 16 ms (s Casovym prfekryvem
sousednich ramcu 50 %). Jsou pfitom rozliSovany okamziky aktivniho hovoru (speech periods)
a useky ticha (odmlky mezi slovy ap. - silent periods). Obé skupiny jsou hodnoceny odlisné

pfi posuzovani vlivu Sumu a na zaveér vypoctu je toto hodnoceni kombinovano do jediného
vysledného parametru.

Blize Doc. Ing. Jan HOLUB, Ph.D. CVUT FEL / Katedra méfeni
,Méreni a hodnoceni QoS v IP telefonii®
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PAMS

(Perceptual Analysis Measurement System)

Jeden z problému IP telefonie spociva ve skutecnosti, Ze IP pfenosy jsou ve své podstaté
paketové orientované, tzn. pfenaseji se skupiny bitl, které mohou do mista urceni putovat
navzajem odliSnymi cestami s odliSnym zpozdénim. To vede k promeénlivému zpozdéni
rekonstruovanych useku signalu (které Ize do urcité miry kompenzovat ukladanim dat do
pomocného registru na pfijimaci strané hloubku tohoto registru vSak nelze libovolné zvétSovat
vzhledem k neumérné se prodluzujicimu zpozdéni).

Zadny z predesle popsanych standard(i bohuZel neumoziiuje méfeni kvality t&chto hlasovych
prenosu, nebot i nepatrné zmény ve zpozdéni béhem pfenosu jednoho hlasového vzorku
vedou k selhani Casové synchronizace (ktera se u P.861 provadi pro cely - obvykle
nékolikasekundovy — vzorek fec€i najednou). Navic u téchto typld datovych prenosu vzriasta
pocCet kratkodobych vypadku, které vySe uvedené standardy také nehodnoti v souladu

s lidskym vnimanim - toto hodnoceni je navic velmi obtizné algoritmizovatelné.

Tyto nedostatky vedly ke zvySenému usili o navrh nového standardu pro méreni kvality
hlasovych pfenosu. Existuje vice proprietarnich algoritmu, napf. PAMS (Perceptual Analysis
Measurement System), navrzeny expertni skupinou pfi British Telecom, vedenou M. Hollierem
a A. Rixem.

Blize Doc. Ing. Jan HOLUB, Ph.D. CVUT FEL / Katedra méfeni
,Méreni a hodnoceni QoS v IP telefonii® 30



Od PANS k PESQ
(Perceptual Evaluation of Speech Quality)

Referencni (pavodni) a zkresleny (pfeneseny) signal jsou nejprve ¢asové a amplitudové korelovany.
Tato korelace je vSak realizovana na dilCich blocich, nikoli na celém zaznamu najednou. Tim je
umoznéno zachyceni proménného ¢asového zpozdéni preneseného signalu. Oba signaly jsou
potom zpracovany algoritmem, jehoZz vysledkem je potom dvourozmérné (Casoveé-frekvencni)

pole hodnot (tzv. poslechova plocha), ktery odpovida priblizné lidskému vnimani tohoto signalu.
Rozdil sobé odpovidajicich hodnot téchto dvou soubort potom tvofi tzv. poslechovou odchylku
(chybovou plochu), ktera je pouzita pro odhad hodnoticich parametrii. PAMS pouziva dva takové
vysledné parametry, a to odhad poslechoveého usili (Yle - listening effort) a kvality poslechu

(Ylq - listening quality). Tyto parametry nabyvaji hodnot 1 az 5.

Algoritmus PAMS se stal zarodkem nejnoveéjsi normy ITU-T P.862, ktera pouziva metodu rekurentni
Casoveé korelace, prevzatou z PAMS a doplnuje ji hodnoticim aparatem, obdobnym P.861.
Koeficient korelace s poslechovymi testy se pohybuje u béZnych typu zkresleni v rozmezi 0.85- 0.93.
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Blokove schéma algoritmu PESQ

Originélni \hitini
_ ftmi
signal
3% reprez entace
— Model vnimani ofiginalni ho
signaly

Yysledna
kvalita

Casové Slysteine, Kognitivri
g rozdily vnitimich

Odhad zpoZdéni

\hitmi
reprez entace
degradovaného
signaly

Mode! vrimani

Degradovany
signal
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P.561 a P.562 (INMD a CCl)

Toto doporuceni je typickym pfikladem tradiCniho neintrusivnino méreni kvality pfenosu hlasu.
Standard P.561 (INMD In-Service Non-intrusive Measurement Device) obsahuje seznam
parametru, které je tfeba vyhodnocovat na prenesené verzi hlasového vzorku (napf. uroven
signalu, odstup signal Sum, feCova aktivita, echo) a P.562 (CCI - Call Clarity Index) obsahuje
navod, jak hodnoty téchto parametrii zkombinovat do jediného vysledného parametru.

33



P.563 (P.SEAM)

P.563 je nejnovejSim poCinem ITU-T (duben 2004) v oblasti neintrusivnich méreni.
Zpracovava preneseny hlasovy vzorek pomoci tfech odliSnych algoritml a kombinuje

jejich vysledné hodnoceni do jediného vystupniho parametru. Podrobny popis vnitini struktury
neni zatim zvefejnén. Koeficient korelace s poslechovymi testy se pohybuje u béznych typu
zkresleni v rozmezi 0.78- 0.86.
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PsyVolP

Algoritmus PsyVolIP je proprietarni metoda, vyvinuta firmou Psytechnics Ltd., pro odhad vysledné
kvality pfenosu hlasu v IP pfenosech. Nepracuje s hlasovymi vzorky, nybrz pouze s parametry
pfenosu jako je zpozdéni a jeho zmény, typ kodeku &i ztrata paketd. Pomoci neuronové sité

je ziskan odhad vysledné kvality ve stupnici MOS.

psyYolP: Call Analysis

5.0 -

— — - IP-axrc. 192.168.43.27
IP-det: 192.168.43.29
total packeta: 15213
= loat packets: 187
start of calle 15/03/2002 17:0D¢32
call duratione DS«DB mins

40 4

(
o

MO
ow
o

|
1

length [ma] ¢ 10000
total packeta: 459
loat packets: 31

Tiime

35



P.862 — PESQ

ITU standard (P.862) vyvinuty spole€¢nosti Pystechnics.
Vklada do site vzorek a srovnava vysledek s originalem.

Vyhody: - muze byt pouZzit pro VoIP i analogovym spojeni.
- velmi dobre odpovida MOS

Nevyhody - Casoveé i vypoCetné naroCha mereni
- nelze provadeét v realném Case, na realné komunikaci
- vklada priliS moc umeélého provozu do site
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Pro¢ E-model

Je dan ITU standardem G.107.

Poskytuje dobry mechanismus pro prevod ,vykonnostni metriky“ na ,miru kvality®.
Méreni muze byt vykonano na kazdy tok RTP samostatné.

Registruje se jednocestné zpozdeni.

Vyhody: - méfeni mize byt provadéno v realném Case na kazdé konverzaci
- vysledky snimané po jedné minuté davaji velmi dobrou granualitu
- vstupni méfeni napomaha sitovym inZenyrim bezprostfedné fesit problémy

Nevyhody: - méreni mohou byt pouzita pouze na sité IP a ukazuji na problémy jenom téchto siti

Primarnim vystupem E-modelovych vypoctl je skalarni hodnoceni kvality, znama jako
"Transmission Rating Factor, R". Hodnota R muze byt transformovana na jinou miru kvality,
jako je MOS, Percentage Good or Better (GoB) nebo Percentage Poor or Worse (PoW).
Pri porovnavani téchto mir kvality je vSak treba byt opatrnymi, protoze hodnoty nemusi

byt ziskany za srovnatelnych podminek.
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R-faktor

R=RO-IS-ID-IE-EFF + A

RO - zakladni koeficient signal-Sum
IS - soucet vSech znehodnoceni, ktera mohou nastat sou€asné s prenosem hlasu

ID - faktor znehodnoceni reprezentujici vSechny znehodnoceni zplsobené zpozdénim signald
hlasu

|IE-EFF - paketova ztrata, Efektivni faktor znehodnoceni zafizenim (Effective Equipment
Impairment Factor)
A - faktor zvyhodnéni (pfipustny rozsah 0 az 20)
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Parametry, ktere vstupuji do hry

- SLR Send Loudness Rating

- RLR Receive Loudness Rating

- OLR Overall Loudness Rating’

- STMR Sidetone Masking Rating?

- LSTR Listener Sidetone Rating?

- Ds D-value of telephone at send-side

- Dr D-value of telephone at receive-side?

- TELR Talker Echo Loudness Rating, TELR = SLRi + EL + RLRy
- WEPL Weighted Echo Path Loss

- T Mean one way delay of the echo path

- Tr Roundtrip delay in a closed 4-wire loop

- Ta Absolute one-way delay in echo free connections
- Qdu Number of quantization distortion units
- le Equipment impairment factor

- Ppl Random packet-loss probability

- Bpl Packet-loss robustness factor

- Nc Circuit noise referred to the 0 dBr-point
- Nfor Noise floor at the receive-side

- Ps Room noise at the send-side

- Pr Room noise at the receive-side

- A Advantage factor
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Kde tyto parametry mérime

Recewe side

- OLE
SLR, .
0dBr point
— 3
Weizhted Echo
D -I Path Loss WEPL |_
/ : Raor
Roor Hound-Trip Hoise Pr
Mol Ps ' Delay Tr
“ ’ Sidetone Whsking
: Coding f Decoding Rafing STMER
. o
 Circuit Moise Ne . Erpuipraent Irpairme nt Factor Ie Eﬂﬁ_&miﬂéfi;mm
freferred fo [ dBy Packet-Loss Robustne ss Factor Bpl (L;II%'R -
Packet-Loss Probahility Ppl STMR + Dr)
IEan one-way Delay T
Ehslute Delay Ta
¥ Talker Echo
Cuanhzng Distottion gdu Londness Rating
TELR

Expectation Factor &
G AOT_FOI



Defaultni hodnoty a doporucené rozsahy

Parametr zkratka {'(e;inot hngzlgtI;ni Doporuceny rozsah lk’;)zném
Send Loudness Rating SLRq dB +8 Oto+18 1
Receive Loudness Rating RLRg dB +2 -5t0+14 1
Sidetone Masking Rating STMR dB 15 10t0 20 2
Listener Sidetone Rating LSTR dB 18 131023 2
D-value of telephone, send side Ds - 3 -3t0+3

D-value of telephone receive side Dr - -3t0+3 2
Talker Echo Loudness Rating TELR dB 65 510 65

Weighted Echo Path Loss WEPL dB 110 5to0 110

Mean one-way delay of the echo path T ms 0 0to 500

Round trip delay in a 4-wire loop Tr ms 0 0 to 1000

Absolute delay in echo free connections Ta ms 0 0to 500

Number of Quantization distortion units qdu - 1 1to 14

Equipment impairment factor le - 0 0to 40

Packet-loss Robustness Factor Bpl - 1 1to 40

Random Packet-loss Probability Ppl % 0 0to 20 3
Circuit noise referred to 0 dBr-point Nc dBmOp | -70 —80 to —40

Noise floor at the receive Side Nfor dBmp |-64 - 3
Room noise at the send side Ps dB(A) |35 351085

Room noise at the receive side Pr dB(A) |35 351085

Advantage factor A - 0 0to 20
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Porovnani rozsahu R-faktoru a

MOS
Stupnice vhodnosti Rf_{;ﬁa;rlu Rﬁzoszh
vadane (desirable) 04—-80 [4.4-40
akceptovatelne (acceptable) 80—-70 |4.0-36
postacujici spojeni (reach connection)] 70 —50 [3.6 - 2.6
nedoporucovane (not recommended) | 50-0 J2.6-1.0
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2. Jak vyhodnocujeme



R-faktor méfeny na

and Analysis - Buffer From File:

\207.218.140. 100\share\Users\billp\YolP.BF R

Observeru

@!:l\-;; QL eal ()J:llqu (;:‘Ewell Thiesholds Tool: B Refresh
Packets: 756510 Packels Processed. 75610 XPackels Processed. 100.0X
VoIP Summary | Calls  RTP/RICP Giaph ©) Settings
| Active | Cosed | Tow |
B Jites (ms) 0000 0417 0417 =~
Expert Data 5 Lost Packets 0.000 0.000 0000 100. 1
% Packaets Out of Order 0 0 0 e ~
B Bust Percent 0000 0000 00X =
K = MOS 0000 4170 4170 70,
TCP Events o VolP Utization % 0000 0008  OQO% 80
© % Call Setup Duration 0000 6448 648 £0,
} = () Codecs used by cal a0,
B POMUG.711) 0 9 k]
UDP Events B Dynamic 0 1 1 L
3 20 Cals
A B Sotup/Tewdown 0 0
v
P Events || gr > -
@ Piotocal | | Packets | %Packets | | xByes | xvm |
| B ) Proocol Totals ~
IPXEvents | = i UOP
@ RTCP 8 2] o141 12670 0088 0000
W RTP 3 0191 N4 15234246 B85 0.008
NetBI0S W SIP/SDP 3 102 0145 5250 0340 0000
Events | = [ Protoccls by QoS
{ = EE Precedence 0
Q { = I UoP
VolP @ RTCP ] 0133 12740 0083 0000
Events = RTP 69165 98258  150707% 98121 0008
W SIP/SOP 102 0145 5250 030 0000
_ | = EE Piecedence 7
__Ansieie || = i G ‘ 4 |
W RICP 1 0.00 120 0.001 0,000 ~
m Expest Analyziz
% VolP Call Indial Setup Duration (sec) 11,64 exceeded the threshold 5.00. foe calt "Russed Shotts™ - 'Dev3”
Corrmction  VolP Call Intial Setup Dusation [s8¢) 6. 25 exceaded the theathold 500, for calt 2238517866-3033
Dynatect ol CallInial Setup Duration [sec) 31,73 exceeded the threshold 5.00. ke colt 1930103421:277
VolP MOS by Coll 3.36 el below the theeshold 400, ke oot *Russel Shos™ "Devd™
0 v:::gswg:awmu;mwmrwlmhmmém i
actor below the theeshold : 5" - "Dev
"Oscwl VelPR megﬁgumnwgﬁ a@'@
> Decode A Summay { Protocols { TopTakers { Pas Matric) { Intemst Observer [  ApphcaionAnalysis A AP Stanistes Wil Vaal §

/ R-faktor
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Nejvyssi hodnota MOS po prepoctu je 4,41

R User Satisfaction MOS
100
G.107 w94 Very Satisfied 4.4
Default Q0 4.3
Valve Satisfied
80O 4.0
Some Users Dissatisfied
70 3.6
Many Users Dissatistied
60 3.1
Nearly All Users Dissatisfied
50 2.6

Not Recommended

1.0
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Vztah R-faktoru a MOS

Network Stats =i F-mode| s
* Codec used
e Metwork dF:|EI}-’

e Jitter buffer delay
* Packet loss

&0

i R wo
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Vztah R-faktoru a MOS

“toll quality”

n

=N
i

MOS Score

0 20 40 60 &0 100

R faktor
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3. Cim vyhodnocujeme



Me¥ic¢ kvality prenosu fe¢i CVUT

http://access.feld.cvut.cz/view.php?cisloclanku=2010010001
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Detailni zobrazeni jednoho méteni

= Detall Measure Form

Results: Files information:
[vu Value A
MOS Relfetence Fie
Speech Qualty Good Sample Rate S000H2
R-fakror BN Leangit 758
MSE 0002037 Number of Sample: |53044
NMSE 1561153 Bits per Sample 2}
MAE- 0.016033 Degraded Fie D:\test\DegS ample_03_04_28_14_25_S2\DegSample__(3_04_28_14_25_52_s11 wav
SNR [d8] 1858 Sample Rate S000Mz
PSR (8] 123044 Lenght 8.28: G
Rosuls: Graphs: [[FPTM -] sinat [80h  ~| Timeieeve
R -
3,869 MOS 10
0'5 - .
o +—H——
05
Bad Poo Foa Good Ewc
A0
T Y TR Vo AR T Y S N R Tl AR T R
s




Hlavni vyhodnocované parametry

MOS — Mean Opinion Score — parametr kvality reci
Speech Quality — Vyjadruje slovni hodnoceni kvality
prenaseneéeho hovorového vzorku.

R-faktor — DalSi z parametru, ktery numericky vyjadruje
hlasovou kvalitu.

MSE — Mean Square Error — Prumeérna kvadraticka
chyba

NMSE — Normalized Mean Square Error —
Normalizovana prumeérna kvadraticka chyba

MAE — Mean absolute error — Stredni absolutni chyba
SNR — Signal-to-noise ratio — Pomeér signalu k sum
PSNR — Peak signal-to-noise ratio — Pomeéer maximalni
hodnoty signalu k Sumu

Crude delay — Priblizné zpozdéni mezi vyslanim a
prijmem 51



TR Instruments, spol. s r.0. nabizi
Performer VoIP

http.//www.trinstruments.cz/performer-voip




Moznosti pouziti hlavni
komponenty QPro

objektivni testy PAMS a PESQ pro
posouzeni kvality reCi end-to-end

poskytuje spolehlivou predikci posudku
realneho uzivatele

meri kvalitu hlasu a uroven sluzby GoS
simuluje provozni podminky a zatez realné
site
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4. Diagnostika problemu



http://www.volptroubleshooter.com

s 'Quick Links v

VoIP Quality and Bandwidth Calculator

This tool calculates listening quality and bandwidth required for a given Codec. It is written in Javascript, is not compat
Javascript be enabled.

Select Codec Type ‘G.?‘H no PLC v\
Select Frame Size Note: Overriden by Codec selection
Packet Loss Rate (%)
Calculate
MOS Score 4.4
R Factor 93
Bandwidth (kilobits per second) 80800
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Diagnostika problemu se
zahajenim hovoru

Problem Occurs
Problem
Always Intermittently After Start of Call

Numbering Plan

Call won't connect Packet Loss

Signaling Problem

No voice path  NapF. problém s FW/NAT

Mo voice path

Voice in one direction
Mo ringback Mo ringback Mo ringback
Loud noise High echo at start of call High echo at start of call High echo at start of call
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Examp
Examp
Examp

High echo at start of call

e audio fi
e audio fi
e audio fi

e - 25 milliseconds round trip delay
e - 200 milliseconds round trip delay
e - 400 milliseconds round trip delay
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Packet Loss

Ztraty paketu se obvykle vyskytuji v davkach 20-30 % v trvani 1-3 sekundy.
To muze znamenat, Ze pramérné ztraty paketl sazba za volani se ukazuiji jako nizké,
acCkoli uzivatel ohlasuje problémy s kvalitou hovoru

Example G.711 audio file - 10% packet loss

Je tfeba analyzovat statistiky
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Diagnostika problému
na zakladé sitovych statistik

Loss% Jitter Out of Order Intermittently Periodically Continuously
Low Low Low Grounding problem Loss Plan
LAN congestion Route flapping Access Link Congestion
Low High Low
Access Link congestion Softphone timing LAMN congestion
High Low High Route flapping Route flapping
Low High High Load sharing
Link Failures Route flapping Bad Ethermet Cable
High Low Low
Bad Ethernet Cable Router - RED Duplex Mismatch

LAN congestion
High High Low Access Link congestion Route flapping

Access link congestion
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Examp
Examp
Examp

Problem: jitter

0.1
0.095 -
7 009 -------h
'g i
£ 0085
[X]
» 008
& 0075 1-
5]
S 007 -

0085 2. ..E., K

0.0& -

0 05

e audio fi
e audio fi
e audio fi

1 1.5 2 25 3 35

Time (seconds)

e - 5% packet discard rate
e - 10% packet discard rate
e - 25% packet discard rate
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\a A 4

Zalezi na tom, jak peClive jitter merime

seconds)
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Jitter buffer velka zahlceni
uz nezvlada

Delay (seconds)

0.14

012 - ...............§............... U RN

=
=
'

=
=
L
|

=
=5
i

Packet fﬂlicarﬂi

¢
]

1050 1100 1150 1200 1230

Packet Sequence Number

1300
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Jitter zpusobeny pristupovymi linkami

Pristupové linky jsou obvykle hlavni zdroj rozkmitu, nebot’ predstavuji jednu z prekazek na
ceste paketu. Napfriklad, serializace zpozdéni pro IP paket 1500 byte zaslany pres T1
(1.544Mb/s) zpusobuje zpozdéni 8 milisekund, dalSich 5 datovych pakett ve fronté pred
hlasovymi pakety pak dalSich 40 milisekund.

Tento problém muze byt zvlast zavazny v pfipadé ISDN, ADSL nebo kabelovych modemu,
u kterych lze Sifku pasma jesté vice omezit, napf. v pfipade, Ze upstream ma Sifrku pasma
384 kb/s za sekundu, pak kazdy ramec 1500 bajtu zpusobi ve fronté dalSich 30 milisekund

zpozdénil
0.15 - : : '. : ; ;
XTI TR R — R—— fonenennaas Jremeaans

1 b L S e Tt PP COPEERTY

Y
et an
=3

Delay (seconds
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Periodicka zpozdéni zpusobena
aktualizacemi smeéerovacich tabulek
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=
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=
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"""""""""""""""""""""""""""""""""""""""""""""""""""

______________________________________
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Round trip delay (seceon
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i
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i
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g 0171 : i | :
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1117 -SRI S PRS- 1S
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Adaptivni jitter buffer nezvlada zahlceni

typicka pro LAN (nestiha to)

|||||||||||||||||||

|||||||||||||

e e

[ S

10

Time {seconds)

65



Adaptivni jitter buffer zvlada zahlceni ve
WAN (neni tak dynamické — stihne to)

Time [seconds)
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Typicka konfigurace jitter bufferu

» Typicky: 30-50 ms.

= Adaptivni buffer ma mez 100-200 ms.
» To ale zpusobuje dodateéné zpozdéni.

» Pak zpozdéni nad 200 ms je problem.
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Problem pristupovych linek

Metody feSeni

1.Pouziti prioritnich front pro citlivou zpozdéni hlasu a videa

2.Redukce MTU na nizkorychlostnich linkach (512 kb/s nebo nizsi) na 512 byte i méné
3.INavyseni kapacity pristupovych linek

4.U vice linek sdileni zatéze s cilem maximalizovat vyuziti kapacit

5.Pouziti CAC (Call Admission Control) k omezeni poctu hovort

6.Fragmentace a prokladani
Variation of delay with MTU size

=
I
I
I
|
]
I
]
I
I
I
L
I
I

I : Ugir to Metwork i ; ; - ; '
60 Ji-- -+ :-
g ™ :
3o SNSNR SNSRI SO USROS SUURUE SO
= :
g 50 i :
b i ot -.—._—..‘:‘:-.—.:.—.J.—_.—.:..—[::-.—.l
z 40 ::'_ 777 Typical ADSL: i
:E 0 - .;..r......:..-..Hﬂ!ﬂl!l.l’h’.lﬂ.l.lhﬂﬂl'......l
V . speed 4 1
20 - pomsemsmdenssnnanfananaany
10 | O S S S Jopoperer.
— . . : !
i e = e e —————
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Problem

Conversational difficulty
Gaps in speech

Tick or Pop Sounds

Audio quality poor or noisy, level too low or high

Speech broken up or distorted

Problémy uzivatele

Intermittently
High jitter evel
Roarte flapping

Gaps in speech

Link failures

Start or end of words missing

Access link consestion

Grounding problem

LAM conzestion

Access Link Consestion

Grounding problem

LAN Consestion

Access Link Consestion

LAN Conzestion

Problem Occurs

Periodically

Route flapping

Route flapping

RED in Riparter

Wirgless LAM handoffs

Route flapping

Softphone timing

Timing drift

RED in Rowter

Route flapping

Continuously

Echo problem

High delay

Start or end of words missing

Access link consestion

LAM conzestion

Amplitude dippine - "buzzy”

istortign

Hum on sl (hugeni)

Voice sounds dead

Voice sounds hollow (duty (tunel-like)

Access Link Consestion

Bad Ethernst cable
Dristortion

LAN Congestion




Mezery v 1ecCl

Example audio file - 10% packet loss with silence
iInsertion

Example audio file - Voice Activity Detection problem
Example audio file - Echo suppression problem

70



Clipping (oriznuti)

Example audio file VAD clipping

Obvykle zpusobuje VAD (Voice Activity Detector), problém se obvykle vyskytuje
na zacCatky a konci slov

L
G
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