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Abstract
Voice  over  IP (VoIP)  has  evolved  into  a  mainstream
applications.  WebRTC  is  a  further  development  that
provides  natively  supported  real-time  communication
capabilities  within  browsers.  One  of  the  biggest
challenges in VoIP is Quality of Service (QoS) which is
greatly  influenced  by  Mouth-to-Ear  M2E  delay.  The
aim of this research is to evaluate the extent of M2E
delays that occur during WebRTC calls under various
application  settings  and  within  different  test-bed  set-
ups, and compare results with similar testing of Skype. 

1. Introduction
In recent years, there has been a huge shift towards

cloud-based  computing  and  the  role  of  browsers  as
interface  application.  Multiple  applications  are  now
available  within  the  browser  including  most  recently,
native support for real time communications RTC. Until
recently that support was only provided through either
standalone  applications  (such  as  Skype  or  Ekiga)  or
several browser extensions. Some of the world's leading
standardization bodies have combined forces to provide
guidelines and standards. World Wide Web Consortium
(W3C)  works  on  WebRTC  APIs,  while  the  Internet
Engineering  Task  Force  and  their  RTCweb  team  are
concerned with underlying standards. Their efforts led
to  the  development  of  WebRTC  project  by  Google,
Mozilla and Opera,  which is an open framework that
allows browsers to be RTC ready. With only just a few
lines of JavaScript code, developers can set-up a Video
or Voice over IP (VoIP) sessions.  WebRTC is a  truly
innovative technology and this study aims to examine
its capabilities and limitations from a Quality of Service
(QoS) perspective.

2. Quality of Service
One  of  the  most  important  aspects  of  Real-Time

communications is QoS. The internet was not designed
with real-time capabilities in mind so QoS support  is

required.  The  three  main  QoS  indicators  of  the
performance of VoIP applications are as follows: delay

jitter, packet loss rate and mouth-to-ear delay.[1] Delay
jitter is mostly caused by varying network conditions.

Although  at  the  sending  side,  VoIP  packets  are
transmitted  at  the  same  interval,  network  congestion

results in arrival at an irregular rate.  The Jitter buffer
allows  VoIP  applications  to  reorder  and  time  align

incoming packets, but also adds to overall delay, which
is  crucial  for  QoS  of  calls.  For  example,  ITU-T

Recommendation G.114 [2]  provides  some guidelines
for mouth-to-ear delay outlining that delay of 0-150ms

is  acceptable  to  most  users,  delay  of  150-400ms  is
acceptable,  but  will  impact  the  quality of  call,  while

delay of over 400ms is unacceptable.

3. Mouth-to-Ear Delay components
At  the  sender  side,  delays  include  encoding  and
packetization.  These  will  depend  on  factors  such  as

codec  and  frame  size  used.  Other  delays  on  sender
include  operating  system,  sound  card  and  NIC

serialisation  delay.  While  being  transmitted  over  the
network, packets are subject to congestion delays at all

intermediate  routers  as  well  as  baseline  propagation
delay. At the receiving point packets experience similar

delays to those at  the sending point,  as well  as extra
delays caused by jitter buffer.

4.  Testing  Mouth-To-Ear  Delay  in  VoIP
applications
This research aims to use black-box testing to measure

delays that occur during WebRTC calls. A testbed has
been  designed  that  includes  two  peer  WebRTC

applications  and  an  oscilloscope  with  hardwired
connections to the acoustic interface on both sender and

receiver side. A series of tests will firstly examine the
impact of various codecs and bit-rates on M2E delay. It

will  also  look  at  varying  testbed  configurations
including  wired  to  wired  connection,  wireless  to

wireless connection and wireless to wired connection,
as well as VoIP over cellular. With WebRTC, the SDP

configuration is used to modify the various application
settings. Similar testing will be carried out with Skype

to compare results with WebRTC. The impact of adding
Video  to  the  call  will  also  be  measured  for  both

applications.

5. References
[1]  S.Karapantazis,  F.N  Pavlidou,  “VoIP:  A comprehensive
survey  on  a  promising  technology”,  Computer  Networks
53(2009), pp. 2050-2090
[2]  ITU-T.  (2003).  Recommendation  G.114:  One  way
transmission  time.  Retrieved  7th  November  2014  from
http://www.itu.int/rec/T-REC-G.114-200305-I/en

mailto:o.komperda1@nuigalway.ie

