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I. INTRODUCTION

The first part of this PhD work addressed problems of real -
time voice issues over fixed IP networks [1]. The conclusior
was that for communication paths using sufficiently dimen ~§— o @ o N
sioned links and carefully designed end-points the ‘system e e
could prpwde adequate interactive voice qu_a“ty for the engi_g. 1. Number of successful MAC transmissions and rates used vs. distance
user. This fact has been successfully exploited by companies
such as Skype Technologies S.A.

The remaining challenge is to ascertain whether wireless
networks can also provide sufficient quality for its users. The
availability of cheap IEEE 802.11 devices has increased theWe have conducted many hundreds of experiments and
number of wireless access areas, particularly where wirelgsgthered several thousands of measurements in a variety of
telephony is used; homes, offices and public spaces. Hengiggumstances to assess the suitability of 802.11b networks
there is new impetus for IP telephony deployment. Naturallfigr real-time voice communication. As an example, Figure 1
wireless access using unlicensed spectrum can suffer frehows the effect of the environment between two nodes,
severe disruptions caused by cheap electronic components oiitside, in ad-hoc mode, within line of sight of each other. The
terference from base stations, other wireless devices, obstatéftsplot shows a histogram of the number of transmissions at
between the transmitter and receiver, other users traffic in thgarticular distance, whilst the right plot shows the rate with
same cell and so on. These, and other factors, can deteriovatéch these transmissions took place. As a preliminary result,
the quality of voice conversations to well below than thave can suggest that if a frame is lost, it may be beneficial to
commonly accepted by consumers. reduce the rate immediately. Also even at 80 meters interfer-

User satisfaction is important in the wide-scale acceptaneace was experienced, highlighting the interference problem.
and adoption of IP-based telephony services. IP networkingWe have found that the MAC layer behavior¢onjunction
researchers, thus far, have often made the mistake of ignonimith the application layer performance is both useful and
the users’ requirements where quality issues for real-tinmformative in estimating the quality of VoIP sessions. For
services are concerned. Widely adopted standards and quaditgmple, by recording the number of MAC retransmissions,
tests are still defined by bodies such as the Internatiormle can predict if the terminal is entering a period of poor
Telecom Union (ITU). quality, so codec changes giving better loss robustness can

Section Il outlines some of the lower-layer factors affectinge initiated, particularly if losses are the cause of the poor
voice quality in wireless networks, such as the medium accegslity. Predication of impending poor quality by looking
behavior and environmental issues. Section Il aims to sh@t IEEE 802.11 specific capabilities, such as signal-to-noise
how we will combine this information obtained with theratios, transmission rates, number of transmissions is a current
higher level aspects of real-time audiovisual communicatiotgpic within this research. The role of the environment is also
by involving more thereal end-systems, people. an important factor for the loss characteristics. Intervening
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Il. WIRELESS VOICE QUALITY MEASUREMENTS



walls, windows, attenuate the signal causing sporadic losskess in thel._.;; component. The values in fact, represent
hence lessening the quality. As the speaker moves, this makespound variables, however we omit their discussion due
it that much harder to predict the upcoming conditions, mote space considerations. We have shown in Figure 2, the R-
details on this topic can be found in [2]. factors as functions of the delay for four different loss values
IIl. END USER QUALITY ASSESSMENT of a G..711 codec, a standard PCM 64I§bit/s speech coder.
' The important point for our research is that under zero loss
Essentially two techniques exist for assessing the qual@¥nditions this codec is considered ideal, as it does not distort
of SDEECh, on-line methods such as the E-model, and Off-'lﬂ% Signa| in any way, however as can be seen (the much
methods such as PESQ, both standardized by the ITU. In {Bger R-factors for the loss values), losses severely affect its
case of on-line quality assessment, the E-model is the m@gkformance. Therefore, depending on the conditions, real-
suitable choice as its calculation can be done per packet. Tagdge decisions have to be made in order to maximize the R-
I shows the R-factor and the corresponding subjective ratingg&tor at any instant. We are currently implementing R-factor

we are familiar with. approaches to optimizing quality in real-time voice systems.
TABLE | However, .the drawbgck of this E-model type approach is
ITU’ S R-MODEL AND USER SATISFACTION RATINGS that depending on which parts of speech are lost (vowels,

consonants, the start/end of a sentence etc.) varying quality
ratings can be obtained for the same speech pattern. Therefore

R-factor User satisfaction

90 Very satisfied off-line methods such as the Perceptual Evaluation of Speech
80 Satisfied Quality (PESQ) have been developed by the ITU to estimate
28 Sg:}f oos éji'ssss:tti'ssfffg the speech quality based on a psycho-acoustic model [4]. The
50 Nearly all users dissatisfied human quality effect is obtained by comparing the degraded

speech sample with its clean version in the perceptual domain.
The R-factor value has been shown to be comprised of thESQ IS both time consuming in setting up and computation-
following elements: a!ly, as it involves using (and comparing) s_tandard samples of
different sexes, ages and languages, so it cannot be used in
R=Ry—1Is—1j—Ie—ers+A real-time, however we will use it as an off-line quality metric

. for wireless VoIP sessions.
R = rating value

R, = basic SNR value (noise sources) IV. CONCLUSIONS
I; = voice impairments (side-tones and quantization distortion) We believe we have struck a good balance between net-
1, = delay and equipment impairments working research and user-assessment techniques in order help

I._.r¢ = low bit-rate codecs (also random packet losses) advance real-time services using wireless IP networks. This
A = advantage factor (users accepting certain factors, emgludes looking more closely at the lower layers as well as
they are only using a mobile) the important user aspects as briefly exposed in this abstract.
We also want to leverage the results from the standardization
Therefore the elements can be calculated separately aathmittees into VolP services. Finally as well as advancing
summed giving an R-factor that is almdstear with the real our own doctoral work, we belive that our measurement data
subjective ratings [3]. An important facet of the ITU's workand expertise is useful to the networking community as a
is these quantities were chosen so that they (and their swiole.

components) can be simply summed as stated. In the equation ACKNOWLEDGMENTS
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Fig. 2. R-factors for 100-250ms delays and 1-5% losses



