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Abstract: Increased access to broadband networks has led to a Objective techniques [1] and [2] developed to-date esti-
fast-growing demand for Voice and Video over IP (VVoIP) appli- mate VVoIP QoE by performing frame-to-frame Peak-Signal-
cations such as Internet telephony (VolP), videoconferencingnd  to-Noise Ratio (PSNR) comparisons of the original video se-
IP television (|PTV) For prO'aCtiVe troubleshooting of VVoIP per- guence and the reconstructed video seguence obtaineddeom t

formance bOtt'e”heC"s _t(;‘at ][na”ifefSt to e”d'“dsers_ asdperformm sender-side and receiver-side, respectively. PSNR fot afse
impairments such as video frame freezing and voice dropouts, net- , ;4q signal frames is given by Equation (1).
work operators cannot rely on actual end-users to report theirsub-

jectiveQuality of Experience (QoE). Hence, automated andbjec-
tive techniques that provide real-time or online VVoIP QoE esti-
mates are vital. Objective techniques developed to-date estimat
VVoIP QoE by performing frame-to-frame Peak-Signal-to-Noise Where, signaVpeak = 2¢ - 1; k = number of bits per pixel (lu-
Ratio (PSNR) comparisons of the original video sequence and the minance componentRMSEis the mean square error of thé'N
reconstructed video sequence obtained from the sender-side &n column and N' row of sent and received video signal frame
receiver-side, respectively. Since processing such video seqaes n. Thus obtained PSNR values are expressed in terms of end-
is time consuming and computationally intensive, existing objec- user VVoIP QoE that is quanti ed using the widely-used “Mean
tive techniques cannot provide online VVoIP QoE. In this paper, Qpinion Score” (MOS) ranking method [3]. This method ranks
we present a novel framework that can provide online estimates of perceptual quality of an end-user on a subjective qualiafesc
VVoIP QoE on network paths without end-user involvement and ¢ 9 15 5 Figure 1 shows the linear mapping of PNSR values
wnth?ut requmngn any_wd_eo sequences. The framework features to MOS rankings. The [1, 3) range corresponds to “Poor” grade
the “GAP-Model”, which is an of ine model of QoE expressed as . . ;
where an end-user perceives severe and frequent impasgment

a function of measurable network factors such as bandwidth, de- h ke th licati bl h
lay, jitter, and loss. Using the GAP-model, our online framework that make the application unusable. The [3, 4) range corre-

can produce VVoIP QoE estimates in terms of “Good”, “Accept- SPONdS to “Acceptable” grade where an end-user perceites in
able” or “Poor” (GAP) grades of perceptual quality solely fromthe ~ Mittentimpairments yet the application is mostly usablestly,

V]
V,
P SNR(N)qs = 2010910 Rl\zeng (1)

online measured network conditions. the [4, 5] range corresponds to “Good” grade where an end-use
perceives none or minimal impairments and the applicaton i
Index Terms: Network management, user QoE, video quality. always usable.
a
I. Introduction

Voice and Video over IP (VVoIP) applications such as Intérne *
telephony (VolP), videoconferencing and IP televisionTy 3
are being widely deployed for communication and entertain- g
ment purposes in academia, industry and residential commu- ?
nities. Increased access to broadband networks and sagrti ¢ 1 Poor Accoptatle | Good
developments in VMoIP communication protocols viz., H.323
(ITU-T standard) and SIP (IETF standard), have made large- o] = - ~ - el
scale VVoIP deployments possible and affordable. PSR (dB)

For pro-active identi cation and troubleshooting of VVoIP
performance bottlenecks, network operators need to perfor

real-time or online monitoring of VVoIP QoE on their opera- gy ch a PSNR-mapped-to-MOS technique can be termed as an
tional network paths on the Internet. Network operatorsioan of ine technique because: (a) it requires time and spatial align-
rely on actual end-users to report theubjectiveVVoIP QOE  ment of the original and reconstructed video sequenceshiigi

on an on-going basis. For this reason, they require measujfe consuming to perform, and (b) it is computationallyeimt
ment tools that use automated aminjectivetechniques which gjye due to its per-pixel processing of the video sequeresh

do notinvolve end-users for providing on-going onlineresties of ine techniques are hence not useful for measuring risagt

Fig. 1. Mapping of PSNR values to MOS rankings

of VVoIP QoE. or online VVoIP QoE on the Internet. In addition, the PSNR-
Manuscript received May 15, 2007; approved for publicatigrEiji Oki, Oc- mapped-_to-MOS _teChqu? does not address |r_npac_t of thie join
tober 30, 2007. degradation of voice and video frames. Hence, impairméats t
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To address these problems, we present a novel framework in Il. Related Work
this paper that can providmlineobjective estimation of VVoIP

_ ) X Objective techniques that use computational models to ap-
QOE on network paths: (a) without end-user involvement f?Jrroximate subjective QoE (MOS) have been widely studied for

quality rankings, (b) without requiring any video sequesCe\,p applications [6] [7] [8] [9]. The E-model [6] is one such
a_nd () c_on&dermg joint degradation effects of both vaind technique that has been repeatedly proven to be effectide an
\{|deo. Figure 2 ShO,WS our overall framework to produce O ;s has been widely adopted in measurement tools developed
line VVoIP QoE estimates. The framework is based on tlﬁ, industry (e.g., Telchemy's VQMon [10]) and open-source
of ine constructed, psycho-acoustic/visual cognitive aeb of community (e.g., OARnet H.323 Beacon [11]). The primary
Q|OE called “G,:\P-Model”ﬁ Forl Its CO;SUUCIE'OT{ We use a novelqon for E-model's success is its ability to provide aaksti-
closed-network test _met Odc_’ ogy t _at asks human SbeeCtSnjfates of VoIP QoE based on instantaneous network health mea-
ran QOE of streaming anq interactive audio/video CI'deo_rsurements (i.e., packet delay, jitter and loss) for a giveoeven-
wide range of network conditions. The collected hum.anlsnbjecodmg scheme. Before E-model, the only available techesqu
_ranklngs are fed into th_e muIane—regressmr_l analysislites ere of ine technigues such as PESQ [7] that are not suited fo
in closed-form expressions of QOE as funghons of megsera%ln"ne monitoring of end-user VoIP QoE. The PESQ is an of-
network fac_tors such as bandwidth, delay, jitter, and lokssng ine technigue because it requires the source-side reteran-
such an of ine constructed GAP-model, our online frameworli, gjgna| and its corresponding receiver-side audio it

can estimate QOE of an online VVoIP session solely from €) th, 5 eyperienced degradation due to network conditions.

conti_nuo_usly me_asured_ network conditions,_ and (ii) the Vo Although the E-Model is effective for online VoIP QoE mea-
session information. Prior to the VVOIP session establishiror surements, the considerations used in the E-model are not pe

while _the SESSIon IS ongoing, our framework can _est|mate_ Qfkent for V\oIP QoOE measurements due to idiosyncrasies in
following the ow of Figure 2. The VVoIP session mformatmnthe video traf ¢ encoding and impairment characteristice

request (t)speci es the test session’s peak video encoding rage o qe| considers voice traf ¢ as Constant Bit Rate (CBR) en
and whether the session invohaseamingpr interactiveVVolP coded with constant packet sizes and xed data rates that are

st;eams. A sctjreamlng se'55||on IS c_omprlstzq 01_‘ ontle-way S ?ﬁmown for a given voice codec with a set audio sampling fre-
WREre an end-user passively receives audiovisua corrkmmt_ guency. In comparison, the video traf c is Variable Bit Rate
a source at the head-end é"i'b_lz-_rv)',m cr)mparlson,barrglnt%vBR) encoded with variable packet sizes and bursty daesrat
active session Is comprised of bi-directional streams wBed- .+ jenend upon the temporal and spatial nature of the video
users on both en_ds interact with e_a_ch other (i.e., V'demonfsequences. Also, E-model considers voice signals to be af-
encing). The online network conditions are measured by t@gtiqq 1y impairments such as drop-outs, loudness and gchoe
initiation att using a VVolP-session-traf c emulation tool Ca"edwhereas video signals are affected by impairments such as
Vpgrf [5] t.hat we havg develqud. After the test duratin frame freezing, jerky motion, blurriness and tiling [12].

that is required to obtain a statistically stable measurgntee To estimate video QoE affected by network conditions, the
network condition measured in terms of network factors, viz,, o widely adopted technique is the PSNR-mapped-to-’MOS
bandwidth (t1), delay (t+41), jitter (t+2f) andloss (t+) are technique which is of ine in nature as described in Section |

input t9 the GAP-_ModeI. The GAP-ModeI then progluces atephe traditional PSNR-mapped-to-MOS technique was proven t
report instantly with a VVoIP QoE estimaéOS (t+4) interms o jnaccurate in terms of correlation with perceived vispl-

of “Good", "Acceptable” or “Poor” (GAP) grades. ity in many cases due to non-linear behavior of the humaravisu
system for compression impairments [13] [14] [15]. Itis namw

Test initiation at r with established fact that end-user QoE and the pixel-to-fiaskd
(w""“m=mﬁfi:.‘iﬁ:::‘}?.ﬂfﬁ;ﬁ:} distances between original and received sequences coetide
" reqmenty totie eharactenaics in the_ PSNR-mapped-to-MOS technique dq not always match-
rafic Model| (3 . up with one ano_ther. Hence, several modi cations have bgen
T&) — “’;}g:j Vperf made to the traditional PSNR-mapped-to-MOS technique to im
e Ferizeli), prove its estimation accuracy. The improved PSNR-mapped-t
""“;;Ff;:::;';}“fﬂ @ MOS t_echnllque has been rati ed py communities such as t.he
Test co_m,,.e“‘?.. at ot with  [Testrapar at7id ITU-T in their J.144 Recommendaﬂon [2] and the ANSI in their
"""}’,—',',"i}fi:;]’,”;; delaytes o0 GAP-Model AM T1.801.03 Standard [16]. Itis relevant to note that theeesaw-

eral other objective techniques to measure VVoIP QoE such as
ITS, MPQM, and NVFM [35] that are all of ine in nature and
are comparable to the PSNR-mapped-to-MOS technique.
Recently, there have been attempts in works such as [17], [18
The remainder of the paper is as follows: Section Il preserdad [19] to develop a novel technique that can produce on-
related work. Section Ill describes a VMoIP system and de ndine V\VoIP QoE estimates. In [17], video distortion due to
related terminology. Section IV explains the closed-nekwopacket loss is estimated using a loss-distortion model.ld$se
test methodology. Section V discusses the GAP-Model basd#idtortion model uses online packet loss measurementskes t
framework implementation featuring the Vperf tool and ifs a into account other inputs such as video codec type, codeaittbit
plication. Section VI presents the performance evaluatiod and packetization to estimate online PSNR values. Thedimit
validation of the GAP-Model. Section VII concludes the papetion of this work is that the PSNR degradation was not com-

Fig. 2. Online VVoIP QoE Measurement Framework



pared with subjective assessments from actual human ssibjen the network path to the receiver-side. While traversihg, t
and hence the approach effectiveness is questionable8)ng1 streams are affected by the network factors i.e., end-tbret
Human Visual System (HVS) model is proposed that producesrk bandwidth Bnet ), delay @het ), jitter (jnet ) and 10SS let )
video QOE estimates without requiring reconstructed visieo before they are collected at the receiver-sidg, (). If there is
guences. This study validated their estimation accuradl wadequatdy,e; provisioned in a network path to accomodate the
subjective assessments from actual human subjects, howelgy traf c, b, will be equal tobgng . Otherwise bye, is lim-

the HVS model is primarily targeted for 2.5/3G networks. Corited to bt , Whose value equals the available bandwidth at the
sequently, it only accounts for PSNR degradation for onlifmottleneck hop in the network path as shown in the relatidns o
measurements of noisy wireless channels with low video@ncdEquation (33.

ing bit rates. In [19], a random neural network (RNN) model is

proposed that takes video codec type, coded bit rate, pbdeet bret = i:[n::ir?ops B hop
as well as loss burst size as inputs and produces real-timé MO bey = min( bs : bhet) 3)

estimates. All of the above models do not address end-user in
action QOE issues that are affected by excessive netwodydel The received audio and video streams are processed using de-
and jitter. Further, these studies do not address issuatingel jitter buffers to smoothen the jitter effects and are furthee-
to the joint degradation of voice and video frames in the enlierated using sophisticated decoder error-concealnuaraes
user VVoIP QoE estimation. In comparison, our GAP-Modehat recover lost packets using motion-compensation ringer
addresses these issues as well in the online VVoIP QoE estimian obtained from the damaged frame and previously redeive
tion. frames. Finally, the decompressed frames are output toishe d
play terminal for playback with an end-user perceptual QoE
(Gmos )-

From the above description, we can see that for a given
m 1 : o set ofae, andbgng can be expressed as shown in the relation-

lll. VVoIP System Description

(?Igv‘

Voice and  O& !
Video Source i

Tonmi Onos = T (Dhet; dnet ; Inet 5 J net ) (4)

Earlier studies have shown that thg,s can be expected to re-
main within a particular GAP grade when each of the network
pepacketizer Decoser]  fACTOrS are within certain performance levels shown in &dbl
senDeR NETWORK i RECENVER Speci cally, [21] and [22] suggest that for Good gradge:

B Do it Loy Jner by, should be at least 20% more than the dialing speed valuehwhic
accommodates additional bandwidth required for the voige p
load and protocol overhead in a videoconference sesbign;
values less than 25% of the dialing speed result in Poor Grade

terElngj\/rI(ceJri :gggsca’clll:;/ Tirfgvisn ?h\elzlesvgn(()jfeisti)jj Icn\e/t\v/\(/) (;I:Hzﬁ‘_he ITU-T G.114 [23] recommendation provides the levels for
recéiver—side componénts of a point-to-point vizjeoccmier ther and studies including [24] and [25] provide the perfor-
. . X : ' mance levels fofnet andln,e on the basis of empirical exper-
ing session. The combined voice and video traf ¢ streams ihents on the Internet. However, these studies do not peovid
a videoconference session are characterized by encodiag racomprehensive QoE.modeI thai can address the combined ef-
(bsng ) originating from the sender-side and can be expressedfaasts Ofbhet » et » j et » aNdlner

shown in Equation (2). ¢
Bsnd = Buoice + Dlideo
g
bcodec

Dejitter Buffer
Queue

Encoder Packetizer

Fig. 3. End-to-end view of a basic VVoIP system

IV. GAP-Model Formulation
1 M 1

Beodec In this section, we present the GAP-Model that produces on-
. @) line Omos based on online measurementdgf; , dnet , Inet and
video . for a given set ofie, andbsng . A novel closed-network test
wheretps corresponds to the total packet size of either voigethodology involving actual human subjects is used tovderi
or video packets, whose value equals a sum of the payload siz& GAP-Model's closed-form expressions. In this methedol
(P9 of voice or video packets, the IP/UDP/RTP header size (4gy, human subjects are asked to rank their subjective perce
bytes) and the Ethernet header size (14 bytbg)iec COrme- tual QoE (i.e., MOS) of streaming and interactive video lip
sponds to the voice or video codec data rate values chosen. $tifown for a wide range of network conditions con gured using
high-quality videoconferences, G.711/G.722 voice codet athe NISTnet WAN emulator [26]. Unlike earlier studies réiat
H.263 video codec are the commonly used codecs in end-poitQoE degradation which considered isolated effects af ind
with peak encoding rates dbyice € = 64 Kbps andibyideo €=  vidual network factors such as loss [17] and bandwidth [27],
768 Kbps, respectively [20]. The end-users specifydige, € we consider the combined effects of the different levells,of,
setting as a “dialing speed” in a videoconference sessiti@ T, , Ie; andjnet , €ach within a GAP performance level.

aey refers to the temporal and spatial nature of the video se: _ ‘ ‘ _
quences in a videoconference session. Note thath, th hop IS NOt the total _bandW|dth but the bandwidth provided to
Following the packetization process at the sender-side tﬁ@e ow at thei-th hop and hence it can never be larger than the bandwidth
. 0 g_ p p ; . ' requested, i.ebspg . Thus,bnet is the bandwidth measured at the network ends
voice and video traf c streams traverse the intermediatpshofor the ow.

= 1PSvoice
voice



Table 1. gmos GAP grades and performance levels of network factors for dbyjgeo € = 768 Kbps

| Network Factor || Good | Acceptable | Poor \
Dnet (>922] Kbps | (576-922) Kbps| [0-576) Kbps
Onet [0-150) ms | (150-300) ms | (>300] ms
Inet [0-0.5) % (0.5-1.5) % (>1.5]%
Jnet [0-20) ms (20-50) ms (>50] ms
Although such a consideration re ects the reality of the-net T RS
work conditions seen on the Internet, modelmgs as a func- % \:"2;
tion of the four network factors in three different levelsidis i \‘ % i

to a large number of test cases (i.€",=381 test cases) per hu-
man subject. The test cases can be ordered based on increas-
ing network condition severity and listed as [GGGG >,

i poog

< GGGA > ,< GGAG > ,::;,< APPP > ,<PPPP >], . \—‘
where each test case is de ned by a particular sequence of the

network factor levels< bnet Ohet lnet jnet >. For example, L NS gm—m‘m
the < GGGG > test case corresponds to the network con- Bandwidth (Kbps)

dition wherebpet, Ohet, lnet andjnet are in their Good grade
levels. Administering all the 81 test cases per human stubjec
is an expensive process and also involves long hours ohtesti
that is burdensome and exhaustive to the human subject. Con- ) . s
sequently, the perceptual QoE rankings provided by the hunf1 Reduction Based on Network Condition Infeasibility
subject may be highly error-prone. For this strategy, we perform a network emulator quali oati

To overcome this, we present a novel closed-network tegtdy to identify any practically infeasible network cotiains
methodology that signi cantly reduces the number of tesesa i.€., test cases that do not exist in reality. The NISTnet VéhiN
and hence the testing time for human subjects for providitggtor is connected in between two isolated LANs, each lpain
rankings without compromising the rankings data requird fmeasurement server with the Iperf tool [28] installed. &t
adequate model coverage. We note that our test methodoldgjwork conditions are emulated with one factor as the obntr
can be generalized for any voice (e.g. G.711, G.722, G.#&8) &and the other factors as the response. For example, if we use
video codec (e.g. MPEG-x, H.26x). For simplicity, we focubnet as the control, then the responses of the other three factors
our testing to only the most commonly used codecs i.e., G.7@2t, Inet @andjner are measured and so on. All measurements
voice codec and the H.263 video codec. These codecs areafefrom Iperf for 768 Kbps UDP traf ¢ streams transferred be
most commonly used for business quality videoconferensest@een the two LANs via NISTnet.
observed from our experiences during routine videoconfere Figures 4 and 5 show the Iperf measurement results that in-
ing operations at the Ohio Supercomputer Céntéfhey are dicate the infeasible network conditions. The results are a
also the most commonly used codecs on video le sharing site&aged over 20 measurement runs of Iperf for each network
such as MySpace and Google Video. condition con guration on NISTnet. From Figure 4 we can

In the following subsections, we rst explain the test case r €€ that there cannot be a network condition that has Good
’ jnet and Poorbpe; simultaneously. Hences P o oG > (=

duction strategies of our novel closed-network test mathod /et _ . )

ogy. Next, we describe our closed-network testing with alctulX3X3X1 = 9) test cases cannot be emulated in reality. Not he

human sui)jects Finally, we explain how ttyg,s rankings ob- that we use our previously de ned network condition notatio
. ) S

. Nkt 1
tained from the human subjects are processed to formulate th bret Gnet lnet Jnet > and we assume ™ can be substituted
GAP-Model's closed-form expressions. with either one of the GAP grades. Similarly, from Figure 5

we can see that there cannot be network conditions that have
Good/Acceptabld,e: and Poorbnet simultaneously. Hence,
A. Test Case Reduction Strategies <P oGo>,<P oAo>,<A oGo> and< A oAo> (9x4 =

36) test cases do not exist in reality. By considering alinlfiea-

To reduce the number of test cases per human subject € network conditions, we can get rid of 39 test casescelen
providing rankings without compromising the rankings data We can reduce the number of test cases to 42 (39 subtracted fro
quired for adequate model coverage, we use two strategjes:8%) per human subject for adequate model coverage.
reduction based on network condition infeasibility andl (&-
duction based on human subjects' ranking inference.

Fig. 4. jnet measurements for increasing bnet

A.2 Reduction Based on Human Subjects' Ranking Inference

In this subsection, we explain another strategy to furtker r
duce the number of test cases per human subject for providing

2Majority of today's videoconferencing end-points use th2é3 video codec rankings without compromising the data required for adegjua
and a small fraction of the latest end-points support the #3@6feo codec,

which is an enhanced version of the H.263 codec targeted yrfainimproved model coverage. The basp idea of thIS strategy is to elitaina
codec performance at low bit rates. more severe test cases during the testing based on the B&er ra



Poor b, Acceptable b,

- 5 e B. Closed-network testing

B.1 Test Environment Setup

Test Administrator Human Subject
End-point End-point

Loss {%)

Streaming and
Interactive Clips Source

J NISThet d
300 400 500 500 700 500 a00 1000 Test Administrator's WAN Emulator Human Subject's

Bandwidth (Kbps) Chat Server Application Chat Client Application
Fig. 5. et measurements for increasing bnet Fig. 7. Test environment setup for the closed-network testing
B Subjective MOS Ranking Chat-Client =)
ings given by human subjects.for relatively less severectests. e T
For example, if a human subject ranked test caseP PP > I
with an extremely Poogmnes ranking € 2), it can be inferred Qualy e
that more severe test case®A\PPP > and< PPPP > pre- I
sented to the human subject will also result in extremelyrPoo —3 . p—
Omos- Hence, we do not administer the APPP > and
< PPPP > test cases to the human subject during testing but e
. . . 436
assign the same Pogf,s ranking obtained fox GPPP >
test case to the APPP > and< PPPP > test cases in the
human subject's nal testing results. To implement the abov Respoe Conplc
H T T £ b ) [ —
test case reduptlon strategy, we present the test casesnwith e e
creasing severity{ GGGG > to<PPPP >).
TEST CASE LIST: TEST CASE LIST: Fig. 8 Screenshot of chat client application with quality assessment
1. Luct ey 1. Lyet e slider
2. <GGGA> , i |GG|GA|GP|AG 2. <GGGA> , T |GG|GA|GP|AG) -
3. <GGAG> : 3. <GGAG> e nd . . .
4 <GAGC> GGl1]2]5]3 4 <GAGG GG|1]2]9]3 Figure 7 shows the test environment we setup that incorpo-
gi _<g§gg> GA| 4 |9 |12[10 - 6 <cAGh> GAl418 1417 I rated the key considerations suggested in ITU-T P.911 [@8] a
. > . .« > . . . . .
o EGGARE W oy T13]20]14 & CoAARS] SPIT[Ts 120111 |TU-T P.920 [30] for streaming and interactive multimedia®)
9. <GAGA> AG 9. <GGGP> AG X )
10. <GAAG> T T ressinye 10 <6CPC> G assessment tests, respectively. An isolated LAN testbed wa
Mo 3 Network 15, eaman] used with no network cross-traf ¢ whatsoever. The testictat
Conditi . . . .
@) onden (b) at the human subject end was setup in a quiet room with suf-
_ _ _ cient light and ventilation. The test station corresportdsa
Fig. 6. (a) VF test case ordering (b) HF test case ordering PC that runs a chat client application (shown in Figure 8) and

a videoconferencing end-point connected to a display teai

Further, the test case reduction strategy can be implemhenide chat client application uses the “quality assessméters|
by increasing the test case severity order in two ways: (fethodology recommended by [3] for recording human subject
Vertical-First (VF) or (ii) Horizontal-First (HF) - shownni rankings. The chat client application allowed the human sub
Figure 6 (a) and (b), respectively. Using VF ordering, aftgectto: (a) communicate his/her test readiness using tlegitB
< GGGA > , the next severe condition in the test case list iBest” button, (b) indicate completion of his response dyiin
chosen asx GGGP > where the severity is increased vertiteractive test clips using the “Response Complete” buthol,
cally (note thatc GGGA > , < GGAG > and< GAGG > (c) submit subjective rankings using the “MOS Ranking” eld
are equivalent severe conditions); whereas, using HF ingler at the end of each test case - to the test administrator friesen
the next severe condition is chosen<a&GAA > where the a separate room. The videoconferencing end-point was osed t
severity is increased horizontally. In the event h&@&GAA > view the streaming and interactive test clips.
test case receives an extremely Pgggs ranking € 2) by a The test administrator end was equipped with a PC that ran
human subject, 36 (= 3x3x2x2) test cases get eliminatedjusthe chat server application. The test administrator endalsus
the inference strategy. Alternately,<fGGGP > test case re- equipped with a videoconferencing end-point connected to a
ceives an extremely Pogks ranking, only 27 (= 3x3x3x1) test display terminal as well as a test clips source that had tearst-
cases get eliminated. Hence, using the VF ordering, relgtiving and interactive test clips. The test administrator cuietd
lesser test cases are eliminated when an extremely dgr the test clips source and the NISTnet through a control soft-
ranking occurs. Although HF ordering reduces the testimgeti ware embedded within the chat server application. The obntr
compared to the VF ordering, we choose the VF ordering in teeftware guided the test administrator through the diffese-
human subject testing because it produces more data paoiuhts guential steps involved in the testing and automated cdiereac
thus relatively better model coverage. to control the clips source and the NISTnet con gurations. T



show how we addressed the dif cult challenges in implenmanti quality videoconferencing experience but has basic system
the interactive tests and made them repeatible throughrersto derstanding. Such a categorization allowed collectionutf s
tion, we present the pseudo-code of the control softwarthfor jective quality rankings that re ect the perceptual qualid-
interactive tests in the following: iosyncrasies dependent on a user's experience level with/V
technology. For example, an Expert user considers lackpef li
synchronization as a more severe impairment than audio drop
Input: 42 test cases list for interactive tests outs, which happens to be the most severe impairment for a

Output: Subjective MOS rankings for the 42 test cases Novice user - while penalizing MOS rankings.
Begin Procedure

1. Step-1: Initialize Test ] .

2. Preparé = 1... 42 test cases list with increasing network conditievesity ~ B-3 Video Clips

3. Initialize NISTnet WAN emulator by loading the kernel moglaind ushing

Pseudo-code of the control software foteractive tests

inbound/outbound pipes For test repeatability, each human subject was exposedto tw
4. Initialize playlist in interactive clip source sets of clips for which, he/she provideg,s rankings. The

5. Play interactive “baseline clip” for human subject no-iinpeent stimulus rst set corresponded to a streaming video @ipeaming-Kelly
reference . . . .
6. Step-2: Begin Test and thg second set corresponded to an interactive V|deo.cI|p
7. Enteri" human subject ID Interactive-Kelly both played for the different network condi-

8. 'C’OF’fCI’rJ't:eSt casesif (Check ffl’f feceipéof thd‘/‘Be%i” T%St" message) tions speci ed in the test case list. These two video clipseve

9. Flush NISTnet WAN emulator's inbound/outbound pipes . .

10. Con gure the network condition commands on NISTnet WAN amul enCOd_ed at 30 frames_ per second I_n CIF format _(352 lines x
tor forj ! test case 288 pixels). The duration of each clip was approximately 120
11.  Play interactive test clip from clips source _ seconds and hence provided each human subject with enough
12. _Pgusg |(rjlteract|ve test clip at the time point where huméjesure- time to assess perceptual quality. Our human subject migini
sponse Is desire . . . .

12. if (Check for receipt of “Response Complete” message) method to rank the video clips is ba;ed on the “Double Stimu-
14, Continue playing the interactive test clip from the slgpurce lus Impairment Scale Method” described in the ITU-R BT.500-
15. endif _ _ 10 recommendation [31]. In this methdagselineclips of the

16. if (Check for receipt of “MOS Ranking” message) t . dint fi i | dto the h tibi
17. Reset interactive test clip in the clips source streaming and Interactve clips are played to the .umares J
18. Savé™ human subject$t" interactive MOS ranking to databasebefore commencement of the test cases. These clips do ret hav
19. if (" _human subject$™ interactive MOS ranking: 2) any impairment due to network conditions i.gmes ranking

20. i Removek corresponding higher severity test cases from tegh - 1nase clips is 5. The human subjects are advised to rank
case list . L0 ’ . .

1. for eachk their subjective perceptual quality for the test casediveldo

22. Assigni!" human subject$™ interactive MOS ranking the baseline subjective perceptual quality.

23. end for

24. end if i

25, Increment B.4 Test Cases Execution

26. end if . L .

27.end loop Before commencement of the testing, the training time per
28. Step-3: End Test ' human subject averaged about 15 minutes. Each set of test cas
29. Shutdown the NISTnet WAN emulator by unloading the kemediule per human subject for the Streaming as well as interactiyeovi

30. Close playlist in interactive clip source . . .

End Procedure clips lasted approximately 45 minutes. Such a reasonadtiage

time was achieved due to: (a) our test case reduction syrateg
described in Section IV that reduced the 81 possible testscas
to a worst case testing of 42 test cases, and (b) our test case
Human subject selection was performed in accordance withduction strategy described in Section IV that furtheuoced
the Ohio State University's Institutional Review Board BR the number of test cases during the testing based on inferenc
guidelines for research involving human subjects. The euidrom the subjective rankings.
lines insist that human subjects should voluntarily pgréte in For emulating the network condition as speci ed by a test
the testing and must provide written consent. Further, tihedn  case, the network factors had to be con gured on NISTnet to
subjects must be informed prior about the purpose, proegduiny values within their corresponding GAP performance lev-
potential risks, expected duration, con dentiality pratien, le-  els shown in Table 1. We con gured values in the performance
gal rights and possible bene ts of the testing. Regardirgy thevels for the network factors as shown in Table 2. For exam-
number of human subjects for testing, ITU-T recommends 4 gig, for the< GGGG > test case, the NISTnet con guration
a minimum total for statistical soundness [19]. was< bper = 960KbPS; thet = 80mMS; lnet = 0:25%jnet =
To obtain a broad range of subjective quality rankings fromOms >. The reason for choosing these values was that the
our testing, we selected a total of 21 human subjects evésily dnstantaneous values for a particular network conditiom g:o
tributed across three categories (7 human subjects pgoegje uration vary around the con gured value (although the agera
(i) Expert user, (ii) General user, and (iii) Novice user. Bx- of all the instantaneous values over time is approximatelae
pert user is one who has considerable business-qualityvidéo the con gured value). Hence, choosing the values shown in
conferencing experience due to regular usage and has th-defable 2 enabled sustaining the instantaneous network icomsli
system understanding. A General user is one who has modetatge within the desired performance levels for the test ease
experience due to occasional usage and has basic system urgiition duration.
standing. A Novice user is one who has little prior business-

B.2 Human Subject Selection



Table 2. Values of network factors within GAP performance levels for s

Wariable

NISTnet con guration s
[ Network Factor || Good [ Acceptable] Poor | 0
bnet 960 Kbps| 768 Kbps | 400 Kbps " ®
Onet 80 ms 280 ms 600 ms g =0
Inet 0.25 % 1% 2% Ny
Jnet 10 ms 35 ms 75 ms

20

C. Closed-form Expressions =i

< Loss
<—— Delay
<«— Bandwidth

In this subsection, we derive the GAP-Model's closed-form
expressions usingyoes rankings obtained from the human subrig. 9. comparison of Streaming MOS (S-MOS) and Interactive MOS
jects during the closed-network testing. As stated eadigi- (I-M0s)
jective testing for obtainingmes rankings from human subjects
is expensive and time consuming. Hence, it is infeasibl®to ¢

45 o Wariable

duct subjective tests that can provide comptgtes model cov- J o Expatsmos
erage for all the possible values and combinations of nétwor ‘o T2 venswos
factors in their GAP performance levels. In our closed-mekw )

testing, thegmes rankings were obtained for all the possible net- » 35

work condition combinations with one value of each network g

factor within each of the GAP performance levels. For thés re 30

son, we treat thgmes rankings from the closed-network testing
as “training data”. On this training data, we use the siatist
cal multiple regression technique to determine the appatspr -
closed-form expressions. Thus obtained closed-form expre o Jitter
sions enable us to estimate the streaming and interactive-GA §88880805 <55 T T I Sinduan
Model gmes rankings for any given combinations of network
factor levels measured in an online manner on a network gathF&@. 10. Comparison of average S-MOS of Expert, General and Novice
explained in Section V. human subjects

The averagemes ranking for network conditiop (i.e., ¢,os )
is obtained by averaging thgg,os rankings of theN = 21 hu-

man subjects for network conditigras shown in Equation (5).  As explained in Section IV, the end-user QoE varies based on
the users' experience-levels with the VVoIP technologyguré

25

L X 10 quantitatively shows the differences in the averageesbf
Omos = N Ohos (5) S-MOS rankings provided by the Expert, General and Novice
i=1 human subjects for Google: performance level and with in-

Thed,,. ranking is separately calculated for the streami easing nerork condition severity. Although there araoni
video clip tests (S-MOS) and the interactive video clip sestfferences in the average values for a particular network c
(I-MOS). This allows us to quantify the interaction dif aigs dition, we can observe that the S-MOS rankings generally de-
faced by the human subjects in addition to their QOE when p&£8ase with the increase in network condition severityndigas
sively viewing impaired audio and video streams. Figure-9 if the human subject category.
lustrates the differences in the S-MOS and I-MOS rankings du

to the impact of network factors. Speci cally, it shows the-d 45 e
creasing trends of the S-MOS and I-MOS rankings for testase ® — - - SHOS cLower Bound)

. . . . 4 S-MOS (Upper Bound)
with increasing values et , Onet , Inet @ndjnet Network fac- 40

tors. We can observe that at less severe network conditions
(< GGGG >, < GAGG >, < GGAG >, < GAGA >,
<GGPG > ,<GGGP >), the decrease in the S-MOS and I- 30
MOS rankings is comparable. This suggests that the human sub
jects' QoE was similar with or without interaction in testses

35

MOS

25

with these less severe network conditions. However, divels 20/

more severe network conditions GAPG > , < GGPA >, e

< GGAP >, < GAPA >, < GGPP >, < AGPP >, FEi ST i i Ew
< PPGA >, < PGPP >), the I-MOS rankings decrease Network Condition

quicker than the S-MOS rankings. Hence, the I-MOS rankin
capture the perceivable interaction dif culties faced bg hu-
man subjects during the interactive test cases due to bo#sex
sive delays as well as due to impaired audio and video.

g% 11. Comparison of average, lower bound, and upper bound S-MOS



To estimate the possible variation range around the averaggereas, if the test request is of interactive type, Vpenkgates
Omos ranking in uenced by the human subject category for probing packet trains both-ways i.e., between Side-A te-$&d
given network condition, we determine additiongl,s types and between Side-B to Side-A.
that correspond to thes" percentile and75" percentile of  Based on the emulated traf ¢ performance during the test,
the S-MOS and I-MOS rankings. We refer to these additiongperf continuously collects online measurements of bhe ,
Omos types as “lower bound” and “upper bound” S-MOS and,;, lhet andjnet Network factors on a per-second basis. For
I-MOS. Figure 11 quantitatively shows the differences ie thobtaining statistically stable measures, the online measents
upper bound, lower bound and average values of S-MOS ralke averaged over a test duratithh After test durationtt,
ings provided by the human subjects for Ggg performance the obtained network factor measurements are pluggedteto t
level and with increasing network condition severity. We oliGAP-Model closed-form expressions. Subsequently, thimenl
served similar differences in the upper bound, lower bourdi agmes rankings are instantly output in the form of a test report by
averagemes rankings for both S-MOS and I-MOS under othethe Vperf tool. Note that if the test request is of streamirmet
network conditions as well but those observations are not ife test report is generated on the test initiation side with
cluded in this paper due to space constraints. S-MOS rankings. However, if the test request is of intevacti

Based on the above description of average, upper bound &k, two test reports are generated, one at Side-A and enoth
lower boundogmoes types for S-MOS and I-MOS rankings, weat Side-B with the corresponding side's I-MOS rankings. The
require six sets of regression surface model parametei@for Side-A test report uses the network factor measuremenis col
line estimation of GAP-Modelines rankings. To estimate the lected on the Side-A to Side-B network path, whereas, the-Sid
regression surface model parameters, we observe the diagmotest report uses the network factor measurements callecte
tic statistics pertaining to the model t adequacy obtairisd the Side-B to Side-A network path.
rst-order and second-order multiple-regression on theash- The GAP-Model based framework can be leveraged in so-
ing and interactivemes rankings in the training data. The di-phisticated network control and management applicatibas t
agnostic statistics for the rst-order multiple-regressishow aim at achieving optimal VVoIP QoE on the Internet. For ex-
relatively higher residual error compared to the secom#or ample, the framework can be integrated into the widely-used
multiple-regression due to lack-of-t and lower coefcielf Network Weather Service (NWS) [32]. Currently, NWS is be-
determination (R-sq) values. Note that the R-sq paramediér i ing used to perform real-time monitoring and performance-fo
cates how much variation of the response figes is explained casting of network bandwidth on several network paths simul
by the model. The R-sq values were less than 88% in the rstneously for improving QoS of distributed computing. With
order multiple-regression and greater than 97% in the skcothe integration of our framework, NWS can be enhanced to
order multiple-regression. Hence, the diagnostic stesistug- perform real-time monitoring and performance forecastifig
gest that a quadratic model better represents the curvatureé/VolP QoE. The VVoIP QoE performance forecasts can be used
the I-MOS and S-MOS response surfaces than a linear modsgl.call admission controllers that manage Multi-point Goht
Table 3 shows the signi cant (non-zero) quadratic rega@ssi Units (MCUs), which are required to setup interactive video
model parameters for the six GAP-Modghos types, whose conference sessions involving three or more participamte
general representation is given as follows: MCUs combine the admitted voice and video streams from par-

ticipants and generate a single conference stream thatlis mu
ticast to all the participants. If a call admission congolse-

Onos = Co + Cibhet + Cohnet + Cslnet + Cajnet lects problematic network paths between the participants a
+C5I§et + Cgj ﬁet + C70net Inet + Cglnet  net (6) MCuUs, the perceptual quality of the conference stream could
be seriously affected by impairments such as video franmezfre
V. Framework Implementation and its Application ing, voice drop-outs, and even call-disconnects. To avoith &

The salient components and work ows of the GAP-Moddproblem, the call admission controllers can consult thexanbd
based framework were described brie y in Section 1 using tRWS to nd the network paths that can deliver optimal VVolP

illustration shown in Figure 2. We now describe the detafls @OE- In addition, the VVoIP QoE forecasts from the enhanced
the framework implementation. The implementation bagicaINWS can be used to monitor whether a current selection of net-

features the Vperf tool to which a test request can be input WPk paths is experiencing problems that may soon degrage th
specifying the desired VVoIP session information. The \R/ol VVOIP QOE severely. In such cases, the call admission con-
session information pertains to the session's peak videodn trollers can dynamically change to alternate network peihs

ing rate i.e., 256, 384 or 768 Kbps dialing speed and thearessfave been identi ed by the enhanced NWS to provide optimal
type i.e., streaming or interactive. Given a set of such tspu VOIP QOE for the next forecasting period. The dynamic se-
Vperf initiates a test where probing packet trains are gendr 1€Ction of network paths by the call admission controllen ba

to emulate traf ¢ with the vide@e, corresponding to the input enforced in the Internet by using trafc engineering te@_IvBS_
dialing speed. The probing packet train characteristiedbased SUCh as MPLS explicit routing or by exploiting path diveysit
on a VMoIP traf ¢ model that speci es the instantaneous petck P2sed on multi-homing or overlay networks [33].

sizes and inter-packet times for a given dialing speed. iBeta
of the VMOIP traf c model used in Vperf can be found in [5].
If the test request is of streaming type, Vperf generatebipgo  In this section, we evaluate the performance of our proposed
packet trains only one-way (e.g., Side-A to Side-B in Figlre GAP-Model for online VVoIP QoE estimation.

VI. Performance Evaluation



Table 3. Regression surface model parameters for the six GAP-Model gmos types
[ Twe [ G [ G [ C [ C | C [ G [ G | C [ C |
S-MOS 2.7048| 0.0029| -0.0024 | -1.4947| -0.0150| 0.2918| 0.0001| 0.0004 | 0.0055
S-MOS-LB || 2.9811| 0.0023| -0.0034| -1.8043| -0.0111| 0.3746| 0.0001| 0.0005| 0.0069
S-MOS-UB || 1.7207| 0.0040| -0.0031| -1.4540| -0.0073| 0.2746| 0.0001| 0.0004| 0.0043
I-MOS 3.2247] 0.0024| -0.0032| -1.3420| -0.0156| 0.2461| 0.0001| 0.0002| 0.0058
I-MOS-LB || 3.3839| 0.0017| -0.0032| -1.3893| -0.0177| 0.2677| 0.0001| 0.0002| 0.0055
I-MOS-UB || 3.5221| 0.0021| -0.0026 | -1.3050| -0.0138| 0.2614| 0.0001| 0.0001| 0.0053

We rst study the characteristics of the GAP-Mod&}os We remark that the above observations relating to the impact
rankings and compare it with thg,,s rankings in the train- of network factors on thgmos rankings presented in this section
ing data under the same range of network conditions. Neate similar to the observations presented in related warkh s
we validate the GAP-Moddi,,s rankings using a new set ofas [19] [24] [25].
tests involving human subjects. In the new tests, we use net-
work condition con gurations that were not used for obtagi B. GAP-Model Validation

the traininggmes rankings and thus evaluate the QoE estimation og shown in the previous subsection, the GAP-Moglgls
accuracy of the GAP-Model for other network conditions. Fiankings are obtained by extrapolating the correspondiig-t
nally, we compare the online GAP-Modehos rankings with jng g, rankings response surfaces. Given that the training
thedmos rankings obtained of ine using the PSNR-mapped-tqy . rankings are obtained from human subjects for a limited
MOS technique. set of network conditions, it is necessary to validate the pe
A GAP-Model Characteristics formgnce of the GAP-Modaihm.s rankings for other network
conditions that were not used in the closed-network tesscas

Given that we have four factoiet , Onet , Inet @ndjnet that  For the validation, we conduct a new set of tests on the same
affect thegmoes rankings, it is impossible to visualize the impachetwork testbed and using the same measurement methodology
of all the factors on themes rankings. For this reason, we vi-described in Section 4.2. However, we make modi cations in
sualize the impact of the training S-MOS and I-MOS rankingse human subject selection and in the network conditior con
using an example set of 3-d graphs. The example set of graghiwations. For the new tests, we randomly select 7 human sub
are shown in Figures 12 and 14 for increasing andjnet Val- jects from the earlier set of 21 human subjects. Recall, TTU-
ues. In these Figures, thge; andde: values are in the Good suggests a minimum of 4 human subjects as compulsory for sta-
performance levels and hence their effects orgihg rankings tistical soundness in determinimg,os rankings for a test case.
can be ignored. We can observe that each of the S-MOS an@lso, we con gure NISTnet with the randomly chosen values of
MOS response surfaces are comprised of only nine data poimtwork factors within the GAP performance levels as shown i
which correspond to the thresg,,s response values for GAP Table 4. Note that these network conditions are differemmfr
performance level values &fe; andjner con gured in the test the network conditions used to obtain the trainipg,s rank-
cases. Expectedly, thg,os values decrease as thg andjnetr  ings. We refer to th@mes rankings obtained for the new tests
values increase. The rate (shown by the curvature) and magiwolving the Streaming-Kellwideo sequence as “Validation-S-
tude (z-axis values) of decreasegpfps values with increase in MOS" (V-S-MOS). Further, we refer to thg,os rankings ob-
thelner andjner values is comparable in both the streaming angdined for the new tests involving theteractive-Kellyvideo se-
interactive test cases. Figures 13 and 15 show the corrdsmpn quence as “Validation-I-MOS" (V-I-MOS).
GAP-Model S-MOS and I-MOS rankings for increasing values Figures 18 and 19 show the average of the 7 human-subjects'
of Inet @andjner in the same ranges set in the training test cas&sS-MOS and V-I-MOS rankings obtained from the new tests
We can compare and conclude that the GAP-Magigk ob- for each network condition in Table 4. We can observe that the
tained using the quadratic t follow the trend and curvilare \-S-MOS and V-I-MOS rankings lie within the upper and lower
nature of the trainingjmos Noticeably. bounds and are close to the average GAP-Moggl rankings

To visualize the impact of the other network factors on ther the different network conditions. Thus, we validate G¥%P-
GAP-Model gmos , let us look at another example set of 3-dlodel gyos rankings and show that they closely match the end-
graphs shown in Figures 16 and 17. Speci cally, they show thger VVVoIP QoE for other network conditions that were notluse
impact ofl,et anddner as well asdper andbrer on the S-MOS  in the closed-network test cases.
rankings, respectively. Note that the 3-d axes in thesehgrape
rotated to obtain a clear view of the response surfaces. We ca  Tupie 4. values of network factors for GAP-Model validation

observe from Figure 16 that the rate and magnitude of dezreas experiments

in thedmes rankings is higher with the increaselj; values as [ Network Factor || Good | Acceptable | Poor |

opposed to the decrease with the increase irdtevalues. In Gor 100 ms 200 ms 600 ms

comparison, the rate of decrease in thgs rankings with the I B 03% 12% 1.65 %

decrease in thb,e; Vvalues as shown in Figure 17 is lower than j”e: 15 ms 4(') ms 6'0 ms
nel

with the increase in thke values.
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C. GAP-Model gos Comparison with PSNR-mapped-to-MOS

quS

Herein, we compare the GAP-Modg}os rankings with the
PSNR-mapped-to-MO8§n0s (P-MOS) rankings. For estimat-
ing the P-MOS rankings, we use the NTIAs VQM software [34]
that implements the algorithm rati ed by ITU-T in their J44
Recommendation [2] and the ANSI in their T1.801.03 Stan-
dard [16]. The VQM P-MOS rankings only measure the degra-
dation of video pixels caused due to frame freezing, jerky mo
tion, blurriness and tiling in the reconstructed video ssme
and cannot measure interaction degradation. Hence, we only
compare the GAP-Model S-MOS rankings with the VQM P-
MOS rankings for different network conditions. To obtair th
P-MOS rankings, we use the same network testbed that was used
for the closed-network test cases and con gure it with the ne
work conditions shown in Table 4. For each network condition
we obtain 7 reconstructestreaming-Kellwideo sequences.
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50 E—— VIl. Conclusion

— e IMOS (Average)
45 —& - -MOS (Lower Bound)

05 U B In this paper, we proposed a novel framework that can provide
online objective measurements of VMoIP QoE for both stream-
ing as well as interactive sessions on network paths: (d)-wit
out end-user involvement, (b) without requiring any vides s
guences, and (c) considering joint degradation effectsotifi b
voice and video. The framework primarily is comprised of: (i

a Vperf tool that emulates actual VVolP-session-traf ¢ t@{p
duce online measurements of network conditions in terms of
network factors viz., bandwidth, delay, jitter and lossg &in)

4.0

38

MOSs

30

24

2.0

§ g8 5L 535 8 8 HH%“‘H a psycho-acoustic/visual cognitive model called “GAP-Mi3d
that uses the Vperf measurements to instantly estimate R/\ol
Network Condition QOE in terms of “Good”, “Acceptable” or “Poor” (GAP) per-

ceptual quality. We formulated the GAP-Model's closednfior
expressions based on an of ine closed-network test methodo
ogy involving 21 human subjects ranking QoE of streaming and

The process involved in obtaining the reconstructéateracuveV'deoC"ps in a testbed featuring all possddebi-

. . . . . nations of the network factors in their GAP performance leve
Streaming-Kellwideo sequences includes capturing raw vid

. . . i . . .. The of ine closed-network test methodology leveraged tese
at the receiver-side using a video-capture device, andngdit . . S )
; . . : . - _reduction strategies that signi cantly reduced a humaresls
the raw video for time and spatial alignment with the origi- : : . . .
X . . . test duration without compromising the rankings data negli
nal Streaming-Kellwideo sequence. The edited raw video se-
r adequate model coverage.

\(,qvtgigcseuspg;tr?g é ?gfrg ;:)S.b(;cé)g\zlirti(ijl\r}tlozog: dOLtS\e}Q/ Qvl\(llhsecf_The closed-network test methodology proposed in this paper
provided with an appropriately edited original and recounged ocused on the H.263 video codec at 768 Kbps dialing speed.

ideo sequence par, e VO sofware perorms a compuf20)ET 0 D sbpled (0 derbe addtions veanilL
tionally intensive per-pixel processing of the video sewss Sh as MPEG-2 and H.264, and higher dialing speeds. Ad-

and produces a P-MOS ranking. Note that the above procesgﬁlonal variants need to be dervied for accurately esiimgat

obtain a single reconstructed video sequence and the sudrseq
P-MOS ranking using the VQM software consumes several te%r%d-user V.V°|P QOE becausg the ngn/york performance bottle-
ks manifest differently at higher dialing speeds andare

of minutes and requires a PC with at least 2 GHz processor, . . o .
GB of RAM and 4 GB free disk space. led differently by other video codecs.“lf the adq!tlondlaqts
are known, they can be leveraged for “on-the- y” adaptatidn
. codec bit rates and codec selection in end-points.

Wariahle
—&— S-MOS (Average)
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