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Abstract

Thi s docunent contains recommendati ons of maxi mumtol erable delays to
be added by nethods which i nprove bandw dth utilization through
conpression, multiplexing, and tunneling over a network path.
Reconmendati ons are presented only for real-tine network services for
whi ch such bandwi dth optim zation techniques are applicable (i.e.,
services with | ow payl oad size to header size ratio).

Status of this Mno

This Internet-Draft is submtted to | ETF in full conformance with the
provi sions of BCP 78 and BCP 79.

Internet-Drafts are working docunents of the Internet Engineering
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time. It is inappropriate to use Internet-Drafts as reference
material or to cite themother than as "work in progress.”
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1. I nt roducti on

Thi s docunent extends the draft [TCMIF] with a set of recommendati ons
of overall tolerable delays which can be added in the processes of
conpression, nultiplexing, and tunneling. These recomendations are
needed, since the techniques proposed in [TCMIF], while saving
bandw dt h, add additional network delay. Network delay is one of the
mai n factors which can degrade the Quality of Experience (QE) of

real -time network services [ TGPP_TR26.944]. In order to prevent (QE
degradation of real-tinme services using TCMIF, a policy defining a
mul ti pl exi ng period can be enpl oyed. Values of nmaxi num tol erable

del ays presented here formthe base of such policy. The
recommendations are presented for real-tinme network services in which
TCTMF bandwi dth optim zation is applicable (i.e., services which have
| ow payl oad to header size ratio which results in high protoco

over head) .

The second set of recommendati ons focuses on different nultiplexing
policies and inplenentation issues which are service and |ink
speci fic.

2. Requirenents Language

The key words "MJST", "MJST NOT", "REQUI RED', "SHALL", "SHALL NOT",
"SHOULD', "SHOULD NOT", "RECOMMVENDED', "MAY", and "OPTIONAL" in this
docunment are to be interpreted as described in RFC 2119 [ RFC2119].

3. Consi dered services

Under the term"real-tinme network services" we consider both
conversational and stream ng service classes of services as defined
in [TGPP_TS]. Interactive and background services are consi dered non
real -tinme. Fundanental requirenents of real-tinme network services

i ncl ude conversational pattern (stringent and | ow del ay) and
preservation of the tinme relation (variation) between the information
entities of the stream

We are focused on real-tinme network services which have | ow payl oad
to header size ratio and therefore are appropriate for bandwi th
optim zations presented in TCMIF. W identify the follow ng

servi ces:

o Voice over IP

o Online ganes
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0 Renote desktop services

Wil e video services are considered real-tinme, they are not suitable
for bandwi dth optim zation techni ques proposed in [ TCMIF], due to the
hi gh payl oad to header size ratio they present. Therefore, we
neither take into account services using an approach in which all the
cal cul ations are deployed in the server, which sends a real-tine
video streamto the client. |In these cases, TCMIF optim zation is
neither interesting nor applicable. On the other hand, TCMIF can be
applied for web browsing in terns of payload to header size ratio,

but since sone studi es have shown that web browsing del ays of several
seconds are acceptable to users, there is no need for policy
[imtations in TCMIF, as the nultiplexing periods are shorter than
that [ITUT_G 1010].

4. Delay reconmendati ons

The three normally considered network inpairments in the studies
related to subjective quality in real-tine interactive ganmes are:

o delay - can be reported as one-way-delay (OAD) [ RFC2679] and two-
way-del ay (Round Trip Tine) [RFC2681]. In this docunent, under
the termlatency, one way end-to-end day is considered.

o jitter - which is a statistical variance of the data packet inter-
arrival time, in other words the variation of the del ay.

o packet loss - nore inportant for certain applications, while other
i ncl ude very good algorithnms for concealing it (e.g., sonme gane
genres).

In this docunent we give recomrendati ons of overal tollerable delays
for previously listed real-time network services. 1|n an interactive
service, the total delay is conposed by the addition of delays as
defined in 3GPP TR 26.944 [ TGPP_TR26. 944] .

o Transfer delay - fromHostl to Host2 at tinme T is defined by the
statenment: Hostl sent the first bit of a unit data to Host2 at
wire-time T and that Host2 received the last bit of that packet at
wre-time T+dT

o Transaction delay - the sumof the tinme for a data packet to wait
in queue and receive the service during the server transaction.

Figure 1 shows these delays. The labeled tines (S and R) designate

the tinmes in which the packet is sent or received by the network card
i nterface.
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The use of TCMIF requires the
demul ti pl exer in the scenario.

t oget her before being sent through the Internet.
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Thi s techni que groups packets
So "mul tipl exing period"
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has to be defined in the nultipl exer.
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addition of a nmultiplexer and a
A nunber of flows are multipl exed
The packets are

bef ore being forwarded to the application
An schene of TCMIF is included in Figure 2:
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Figure 2

in order to build a nmultiplexed one.
When

[ Page 5]



| nt er net - Draf t MID- TCMTF Decenmber 2012

it ends, all the arrived packets are sent together in the sane
bundl e. Therefore, nultiplexing delay caused by tcntf optim zation
t echni ques can be seen as an increase of transfer delay. The delay
in the nultiplexer is caused by the tine the packets are retained
until the bundl ed packet is sent, plus processing tine. However, in
the denul ti pl exer packets are not retained, so only processing tine
i s consi der ed.

Figure 3 shows the total delay, when a nultiplexer and a
demul ti pl exer are added. It should be noticed that multipl exing can
be depl oyed i ndependently in the two directions, or only in one of
them as shown in Figure 3.
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S: Packet sent
R. Packet received

Figure 3

If a policy defining a multiplexing period is used, then the average
| at ency added to each packet will be half the nmultiplexing period. A
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tradeoff appears: the longer the nultiplexing period, the higher the
nunber of packets which can be grouped, thus obtaining better

bandw dth savings. So in order to cal cul ate the maxi mum nul ti pl exi ng
period, the rest of the delays have to be considered: if the sum of
propagati on, processing and transm ssion delays is under the nmaxi mum
tolerabl e delay, then multiplexing will be possible w thout harm ng
user’s experience. The calculation of the overal delay may be
performed according to the ITU T Y. 1541 recconendation [I TUT_Y. 1541]
The difference will give the maxi mum reconmended mul ti pl exi ng peri od.

Next, we wll report the maxi mumtol erable |atencies for the
previously listed real-tinme network services.

4.1. VolP

For conversational audio, the International Tel econmunication Union
recommends in [ITUT G 114] less than 150 mllisecond one-way end-to-
end delay for high-quality real tine traffic, but del ays between
150ms and 400ns are acceptable. For a stream ng audi o, del ay
constraints are nuch | ooser, the delay should be | ess than 10s
[ITUT_G 1010].

4.2. Online ganes

Online ganmes are a |large area conprising many ganme genres which have
different latency requirenents. This draft focuses on real-tine
onl i ne ganmes and endorses the general ganme categorization proposed in
[ d aypool Latency] in which online ganmes have been divided into:

o0 Omipresent, with the threshold of acceptable |atency (i.e.,
| atency in which performance is above 75% of the uninpaired
performance) of 1000 nms. The nost representative genre of
omi present ganes are Real -Tinme Strategies.

o Third Person Avatar, wth the threshold of acceptable |atency of
500nms. These ganes include include Role Playing Ganes (RPG and
Massively Multiplayer Online Role-Playing Ganes ( MMORPG) .

o First Person Avatar, in which threshold of acceptable latency is
100ms. The nost popul ar subgenre of themare First Person
Shooters, such as "Call of Duty" or "Hal 0" series.

The study [C aypool _Latency] eval uated players’ perfornmance of
certain tasks while increasing |latency, and reported |atencies in

whi ch the performance dropped bel ow 75% of the performance under

uni npai red network conditions. \While neasuring objective perfornance
metrics, this nmethod highly underestimates the inpact of delays on

pl ayers’ QE. Further studies accessing a particular game genre
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reported nuch [ower latency thresholds for uninpaired ganepl ay.

A survey using a | arge nunber of First Person Shooter games was
carried out in [Dick Analysis]. As a result, they stated that

| at enci es about 80ns coul d be considered as acceptable, since the
ganes were rated as "uninpaired". Besides service QQE, it has been
shown that delay has great inpact on the user’s decision to join a
ganme, but significantly |l esser on the decision to | eave the gane

[ Hender son_QoS]

A study oriented to evaluation of Mean Opinion Score (MJXS), based on
variation of delay and jitter for MMORPGs, suggested that MOS drops
bel ow 4 for delays greater than 120 ns [Ri es_QEMVORPG . The MOS
score of 5 indicates excellent quality, while MOS score of 1

i ndicates bad quality. Another study focused on extracting the
duration of play sessions for MMORPGs fromthe network traffic traces
showed that the session durations start to decline sharply when

| atency is between 150ns and 200ns | at enci es[ Chen_HowSensi tive].

Wiile original classification work [C aypool Latency] states that
|atencies up to 1s are tolerated by omi present ganmes, other studies
argued that only latencies up to 200ns are tol erated by players of
RTS ganes [ Caj ada_RTS].

4.3. Renote desktop access

For the services of renote conputer access, the delays are dependent
on the task perforned through the renote desktop, which are
categori zed into audio, video and data (reading, web browsing,
docunent creation). A QoE study indicates that for audio | atencies
bel ow 225 nms and for data | atencies below 200 ns are tol erated

[ Dusi _Thin].

We group all the results in the Table 1 indicating the maxi num

al l oned of | atencies and proposed nultipl exing periods. Proposed
mul ti pl exi ng periods are guidelines, since the exact values are
dependant of existing the delay in the network. It should be noted
that mul tiplexing periods of about 1 second can be considered as
enough for non real tinme services (e.g., web browsing and stream ng
audi o).
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5.

8.

1

| Voi ce conmuni cati on | < | < |
| Omi present ganes | < | < |
| First person avatar ganes | < 100ns | < 20ms |
| Third person avatar ganes | < | < |
| Renot e deskt op | < | < |

Table 1: Final recommendati ons
Acknowl edgenent s

| ANA Consi der ati ons

This meno includes no request to | ANA

Security Consi derations

Al'l drafts are required to have a security considerations section.
See RFC 3552 [ RFC3552] for a guide.
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