                                                      Voice Over  IP: I mp roving t he Quality Over Wirele ss LAN

b y Adop ting a Booster Mechan ism -

An  Exp eri mental Ap proach

1

Chris tian Hoene, Iacopo Carre ras, Ada m W olisz

Te lec ommunication Networks Group

Te chnische Unive rsität Berlin

{ hoene, carre ras, wolis z}@ee. tu - berlin. de

ABSTRACT

The performance of unrel iable voice t ransmission (Voi ce over IP) over wirel ess li nks i s measured not by t he t hroughput

but  by t he perceptual speech qualit y. The speech qualit y i s i mpaired by pac ket  l osses, whi ch are comm on on wirel ess

links, and by high t ransmission dela ys . In t hi s paper, we describe the desi gn and implementation of a novel Speech

Property Based Boost er  t hat  improves t he qualit y of voi ce over wi reless LANs. Thi s  booster i s in compl iance wit h

exi st ing standards and is t ransparent  t o other protocol s. It  uses charact eri sti cs of human speech producti on and features

of modern audio codecs to differenti at e packets regardi ng their i mport ance for perceptual qualit y.  Impo rt ant  packets are

prot ected at the li nk la yer by three mechani sms: selective packet  l oss recovery, redundant  transmission and a  hybrid

soluti on . These mechanisms have been evaluat ed usi ng an experi ment al set - up with commerci al  wirel ess LAN

equipment . We ma de measurements of the object ive audi o qualit y and anal yzed t he effects of packet  l osses, both due to

real wirel ess channel s and l ate packet  arrivals. Our experiments show that t he booster increases t he qualit y of voi ce best

wit h the h ybri d solut i on and that the performance of Voice over IP can be further improved.

Keywords:  Voi ce over IP, ob ject ive speech eval uation, booster, wireless LAN, IEEE802.11, pla y - out  buffer

1.  INTRODUCTION

During t he l ast  years IEEE802.11 wi reless LAN [ 1] has gai ned increased pop ularit y and is being deplo yed, because the

price of equipment  has dropped and WLAN i s eas y t o install and maintain [2]. WLAN mi ght be a cost savi ng and local

alt ernati ve t o cell ul ar wireless networks. However, t he main usage of wireless LAN has been li mi te d t o Int ernet  based

services li ke web, email , and fil e t ransfers. Voi ce transmissi on over wireless LAN i s not consi dered t o the same ext ent .

The IEEE802.11 speci fi cati on does define di fferent classes of services, whi ch are essenti al  t o support  dat a and vo i ce

t ransmi ssi on at  the same ti me. But  unti l recentl y no commerci al  product  supported bot h Dist ri buted Coordinati on

Funct ion (DCF) for best effort  t raffic and the Poi nt  Coordi nation Functi on (PCF) for prioriti zed data like voi ce.

Furt hermore the PCF mode h as not  been specified i n det ail nor i ts usage has be e n  studi ed. This i s changi ng [ 3][4] . We

can assume t hat voice over wi rel ess LAN will  become more important and furt her opti mization of its performance

should be t aken i nt o account -  simil ar to the i mproveme nt  of TCP over wi reless [5].

TCP i s showing performance degradati ons because wirel ess channels are fluctuat ing and have hi gh error rates, whi ch

are unknown in wireline networks. W orked on t he probl em ^TCP over wi reless~ [ 6][7] we want ed to know:  Does t he

voi ce t ransmissi on suffer over wi reless l inks as TCP  performance does?  And if so, coul d it be improved by si mil ar

mechani sms?

In this paper we will  i nt roduce a Speech Propert y  Based  (SPB) Boost er , whi ch improves t he voice qualit y over wi rel ess

LAN i n t he c ase of high packet loss rat es. In order t o eva luate t he performance of the novel  boost er mechanism, we

have set up an experimental  measurement  environment . The speech audi o quali t y of t he normal  VoIP architect ure has

been compared with t he speech audi o qua lit y usi ng the novel boost er mechani sm. Because we are i nt erested in the

qualit y of the percei ved speech audi o, an objecti ve measurement met hod has been used. The adopt ed met ri c i s the

perceptual di storti on (EMBSD) [12], whi ch yi elds resul ts that have a hi gh correl ati on with t he MOS, t he metric used in

t he case of subjective, human based tests and can hence be used as fast and aut omat i c appri oximation of the more ti me -

consuming sub ject ive t ests.

1  This  work has been financed by the European Unionś  Information Society Technologies Programme (IST) and is part of the MOBIVAS project.

Voi ce qual it y i s reduced by packet  l osses even through commo n voice codecs i ncl ude conceal ment  algorithms, which

i nt erpolat e l ost  audio segment s. Packet losses can occur due to errors on t he wireless li nk and l at e arrival s. We use a

si mul ated pla y - out  buffer to limi t t he maxi mal  transmi ssi on time of voice frames. T he pl ay - out  buffer drops packets t hat

are too lat e. It  is assumed that  suffi ci ent  bandwi dth i s avail abl e

2
 to avoi d l osses due t o congest ion and queuing del a ys in

t he backbone.

The basi c i dea of t hi s boost er is based on t he observat i on t hat  not  all  the pack ets have t he same  importance for ob jecti ve

speech quali t y [9]. Consi deri ng the speech si gnal properties and l ow bit rate codecs features, it  is possi bl e t o di stinguish

bet ween i mport ant and unimport ant packets [10] .

We have developed t hree algorit hms t o d eal wi th important packets:

                       � �
                                               Sel ecti ve packet  loss recovery  protects packet s b y usi ng different configurati ons of t he ph ysi cal  and data li nk

                                               l ayer and switchi ng bet ween t hem on a per - packet  basi s. We al tered for our measurements t he maxi mum

                                               number of link l a yer packet ret ransmi ssi ons, whi ch is in compl iance with the IEEE 802.11 st andard.

                       � �
                                               The second sol ution, call ed redundant t ransmi ssion , protects t he packet s cl assified as important by performi ng

                                               a redundant  t ransmi ssi on. The booster mechani sm is responsi bl e  for duplicating several  times t he important

                                               packet s. The Int ernet  prot ocol  stack has no rest ri cti ons regarding t he dupli cation of IP packet s.

                       � �
                                               The t hi rd al gorit hm, call ed hybrid soluti on , prot ect s t he important packets b y b ot h adding redundanc y and

                                               using a sel ecti ve packet  loss recover y pr ocedure.

Our boost er is t ransparent  and does not change an y prot ocol  specificati ons. Thi s al lows us t o use it  in existi ng networks

and in parall el with other data transmi ssi ons. The al gori thm decreases t he packet l oss ra t e onl y sl ightl y, h owe ver t he

voi ce qualit y i s signi fi cant l y  improved in the case of hi gh error rat es. Furt hermore the pla y - out  buffer si ze can be kept

l ow t o keep it  suitabl e for interactive t elephon y.

The next chapt er will i nt roduce feat ures of voi ce t ran smi ssi on. In t he t hird chapt er the SPB boost er algorit hms are

presented. Next  t he measurement set - up and t hen the results are shown, whi ch are anal yzed aft erwards. Fi nal l y, we

conclude.

                                                                                                                        2.  VOICE TRANSMISSION

2.1 .  Voice over IP

Voi ce over IP, or IP Tel ephon y, al lows us t o ma ke t el ephone call s over the

Internet and include signaling, controlli ng and t ransport mechani sms [11]. In this

paper we focus on t he t ransmissi on of voice, based on the RTP, UDP and IP

prot ocols. At the appli cati on la yer, the audio si gnal  i s first encoded and a Real

Ti me P rot ocol (RTP) [12] header is added t o t he encoded voi ce frames. The

header i ncl udes a time st amp, whi ch is l ater needed for pl ay - out . UDP is used for

multiplexing di fferent fl ows a nd IP takes care of addressing and deli ve ri ng t he

packet s to t hei r destinati on (Figure 1). The corresponding host receives t he RTP

packet s and st ores them temporaril y to decode and pl ay t hem i n a correct and

timel y manner.

In order t o reduce t he bit rate of voi ce transmi ssi on aud i o codi ng is normal l y used. Audio encodi ngs compress t he raw

di git al audio stream. Wit h modern codecs it  is possi ble t o achi eve bit  rates of 64kbit/s (G.711), 5.3 kbit/ s (G.723.1) or 8

kbi t/ s (G.729 [13]). These codecs use charact eri sti cs of human speech p roducti on and percepti on.

Speech  is not  a homogenous audio signal  and can be di sti ngui shed into two different t ypes:  voiced and unvoi ced.

Voi ced sounds are created when the human vocal  cords vibrate peri odicall y (e.g. vocal s). Unvoiced sounds are

generated  by sendi ng ai r at  a high vel ocit y t hrough a constriction in t he vocal tract , generati ng a kind of t urbulence and

causi ng sounds wit h broad frequenc y spect rum. In general voi ced sounds have a higher energy t han unvoi ced sounds.

2.2 . Voi ce c odec

We l imited our studi es to on e codec, G.729. The reason for our rest raint was that  the G.729 i s well  invest igated.

Rosenberg [14], Sanneck [10] and Long Le [9] used it for similar measurements. Considering one codec we were able

t o improve the accurac y b y conducti ng more measure ments wit h the same paramet er set s. If the measurement s are done

using ot her codecs too, they will  li kel y l ead to comparable or si milar results [15] .

2  The next WLAN generation will have a phys ical data rate of 54Mbit/s -  far  more than needed for many voice s treams.

Voice codec

RTP

UDP

IP

Link

Application

Transport

Network

Data Link

Fi gure 1  protocol stack

The G.729 provi des a ^t oll  qualit y~ speech communi cation, whi ch means a communicati on as good as the one made

wi t h the tel ephone net work. It  i s a h ybri d codec, speci fi ed by t he Int ernational  Tel ecommunicat ions Union (ITU), and

empl oys t he CS - ACE LP (Conjugat e St ructure Algebrai c Code Exci ted Li near Predi ction) algorit hm. The speech i s

broken i nt o units called frames.  In the G.729 these frames are 10 ms long, corresponding to 80 bi ts. The encoder

accepts 16 - bit  li near PCM data sampl ed at 8 kHz as i nput  data and produces 8 kbit/s coded dat a.

Thi s codec provi des a good a udi o qualit y at  a low bi t rate. To c ope wit h occasi onal frame losse s t he codec i ncl udes at

t he recei ver side l oss concealment . Conceal ment  al gorithms  try to appropriat el y fi ll gaps caused by l osses. Thi s can be

done for example by repeat ing the previ ous sounds or b y i nt erpol ati on. The applicability of t he G.729 conceal ment  is

limit ed to i solat ed losses.  As soon as c onsecuti ve frame l osses occur, t he audio qualit y decreases qui ckl y.

Rosenberg has measured t he res ynchroni zation time of the G.729 decoder after the l oss of multipl e consecuti ve frame

l osses [14 ]. Resynchronization is achi eved if t he di fference between the decoded audi o st reams (with losses and

wit hout) fall s bel ow a cert ain threshol d, i .e. until  good and bad segment s sound simil ar agai n. Sanneck and Long Le

ext ended these measurements b y al terin g the position of t he frame losses, especiall y at unvoi ced and voiced

t ransmi ssi ons (f Fi gure 2 ). Through t heir result s we can see how t he resynchroni zation ti me of t he decoder depends

st rongl y on t he positi on of th e lost frames.

Fi gure 2  ˘  G.729 resynchronization ti me [10]  Fi gure 3  ˘  SNR of the G.729´s decoded speec h signal

after the loss of a number of frames [10]

Al so, they have  t hen conducted t he same experi men t s mea suri ng t he accumulat ed si gnal to noi se rati o (SNR)  aft er a

frame loss. The SNR has bee n calculat ed over the next 15 consecuti ve frames aft er l oss. The consecuti ve SNR at an

unvoi ced/voi ced speech t ransiti on i s shown in fi gure 3  wit h respect t o the positi on of the l oss. The y al so obtai n simil ar

result s by using objecti ve voi ce measure ment s t ools. These observat ions have been ma de onl y for G.729, but  in t he

meant ime Sun and Ifeachor confirm them for ot her codec s too [15]. We can concl ude t hat  l osses have different  i mpact

on the reconst ructed speech signal, dependi ng on the positi on at which they occur.

The i mport ance of the speech frames transmi tt ed on the network can be ranked:

                       � �
                                               The loss of a speech frame after  an unvoiced - voi ced transition i s t he worst  case. The reason is t hat  the decoder

                                               t ri es t o conceal t he l oss usi ng t he filt er parameters and t he excitation of t he previous frame, whi ch was an

                                               unvoi ced frame. Moreover, t he voi ced sounds have qua si - periodi c ch aracteri stics highl y di fferent from

                                               unvoi ced sounds, so t he y cannot be easil y predi cted.

                       � �
                                               The loss of a voiced speech frame causes a res ynchronization ti me that is not short , but not  so long as in t he

                                               previ ous case.

                       � �
                                               The l oss of unvoiced frames seems to have  littl e i mpact  on the speech qualit y.

2. 3 .  Voice q uali ty  e val uation

The quali t y of an audio si gnal, whi ch has been subject ed to an y kind of processi ng, can be det ermined by t he normal

list ener eval uating the processed si gnal. The i mpressi ons of li st ener are subjective and ma y not be correlat ed with

t echni cal  measurements. For example, the si gnal t o noi se rati o i s not  t aki ng int o account t he charact eristi cs of t he

human auditory s yst em and is onl y a rough esti mate of the eval uati on of a human bei ng. Object i ve measurement

met hods inst ead i mplement a model  of t he human audi o percepti on. The y pr ovide perceptual measurement  of t he

speech audio qual it y and therefore a t echnical measure for a percepti bl e quantit y. M odern object i ve met hods on speech

audio signal s produce result s whi ch are hi ghl y correlated with the mean option score (MOS), the met ri c used for

subject ive test s. Substanti al tests have been made t o compare subject ive and ob jecti ve results [ 16], and they
acknowledged the correlation of t he objecti ve an d subjective eval uations (i n this cases usi ng ^TOSQA~). Recent l y the

Percept ual  Evaluati on of Speech Qual it y (PESQ) algorithm has been offi ciall y approved as a new ITU - T

recom mendat ion P.862. PESQ was developed t o be use d on end - t o - end voi ce quality t est in g under real  network

conditions. We can c onclude that the accurac y of ob ject ive eval uation is hi gh enough so that it  i s possible to limi t  t he

number of ti me and money consu mi ng subject ive t ests ˘  at  l east for the development and eval uation of

t el ecommuni ca tion s ystems l ike VoIP .

For our measurement s we  applied the Enhanced Modi fi ed Bark Spectral  Di stortion (EMBSD) metric. It i s based on t he

bark spect ral dist orti on (BSD) measure, whi ch is an objective measure t hat  emul at es several  of onl y perceptuall y

si gni fi cant auditory att ributes. In the Enhanced Modifi ed Spectral Dist orti on (EMBSD) [8]  new met ri cs and additi onal

effect s are taken into account . The EMBSD cal culat es dist orti on val ues using t he original audio sample and t he

processed speech. A val ue of zero  means no dist orti on and a good speech qualit y. G.729 has a mi ni mal di stortion of

about  0.9 due to codi ng losses. Higher values indicate a worse qualit y or a l ower MOS val ue.

The EMBSD mea surement tool  i s avai l able at  no cost s. It  has been compared wi th t he PESQ [17]  and can predict  t he

speech qual it y in various c onditi ons for a given coder, but not across di fferent  codecs. We are aware that  result s of

object ive measurement  t ools have t o be used wit h care and do have an error margin, but we are thankful , t hat  we coul d

use EMBSD.

3.  THE SP B BOOSTER MECH ANISM

As ment ioned previ ousl y, n ot  all packet s have t he same importance in a speech audi o stream. Consequentl y, a

reasonabl e hyp ot hesi s i s t o classi fy t he packets that are going t o be t ransmitt ed and to prot ect  those packets which are

classi fi ed as i mportant . Thi s i s the basic idea underl yi ng t his work.

To i mplement  our mechanism we appl ied a suit abl e design paradi gm:  Prot ocol  boost ers are by defi nition soft ware

and/or hardware modules t hat t ransparent l y enhanc e exi sting protocol s [18]. Some gui ding pri ncipl es of the boost ers

are:

                       � �
                                               No modificati on of the synt ax or se manti cs of t he exchanged end - t o - end protocol  messages.

                       � �
                                               Transparency wi th regard t o the prot ocol bei ng boost ed.

                       � �
                                               The possi bilit y of addi ng, deleting, queui ng or dela ying end - t o - end protocol  messages.

                       � �
                                               Elimi nation of an y acti ons of the booster whi ch do interrupt the end - t o - end communi cat ions.

                       � �
                                               Inst anti ati on or revocat ion of on - t he - fl y based poli ci es, such as observat i on of the net work behavior, packet

                                               sour ce and destinati on, ti me of da y, or comp osi ti on rules with ot her boosters.

In t hi s impl ementation the boost er mechanism enhances t he percei ved Qualit y of Servi ce provi ded at  the user l evel.

Thi s is obtai ned by c onsi dering t he i mportance of the packet s with in the speech audi o stream. As a consequence, it is

possi bl e t o reduce the i mpact of the l osses on the qualit y of the speech b y ^prot ect ing~ those packet s that are sel ected as

`i mport ant ´.

In fi gure 4  t he archit ecture of the boost er  mechani sm is shown i n the case of a  sendi ng mobi l e t erminal. It  i s composed

of a transmitting si de, locat ed on the mobil e terminal, and a receiving side, l ocat ed on t he bri dge. Both part s of t he

booster resi de at t he MAC -  and link l a yer. The part  locat ed on the mobil e t ermi nal  i s responsible both for cl assif yi ng the

packet s (t he ^anal ysi s~ bl ock) and for providing thi s informat ion t o the boost er. Conse quentl y, the MAC/li nk l ayer

adopt s or not adopt s a prot ected transiti on, depending on t he classi fi cation o f the packet. The part  l ocated i n the bridge

i s responsi bl e for making the boost er mechani sm transparent t o the rest of the syst e m.

                                                                                              Fi gure 4  ˘  speech property booster

3.1 .  Whi ch p ackets are to be protected?

The mechani sm, whi ch w e use t o classi fy t he packets as voi ced or unvoiced,  is included i n the ITU i mpl ement ati on of

t he G.729 decoder. The encoded frames are decoded to anal yz e them. Thi s consume s some processing resources on t he

mobi le t ermi nal but for our measurement s we di d not t ry to i mprove t he executi on time of the classi fi er. It  should be

possi bl e t o i ncl ude t he det ecti on in the encoder or use paramet ers in the frame st ructure and t o limit t hereb y t he

processi ng overhead.

The audi o qualit y is most  infl uenced by losse s wi t hin the fi rst  15 speech frames aft er an unvoi ced/voiced transition

( Fi gure 2 ). Therefore we mark t hese frames as i mport ant , as l ong as t he y are voiced frames. Sanneck has run

si mul ati ons and it seems that 10 to 20 are appropri at e values for t he number of frames to be prot ected dependi ng on

general network conditi ons. In t ot al about one fourth of all speech packets are marked as protected i n our 15s speech

audio sampl e.

3.2 .  How to p rotect the i mportant p ackets against l oss?

The los s probabilit y of t he i mport ant  packets has t o be reduced. But how to decrease the loss rat e most effi ci entl y?  It

can be done on several la yers. In this paper we wil l not  discuss end - t o - end t ransport l ayer error rec over y t echni ques

based on forward error co rrection (FEC) and automati c repeat request (ARQ) [19] as we assume t hat most losses occur

at t he wireless link. Of course, i n t he case of network congestion these t ransport l a yer mec hani sms have t o be t aken int o

account or a d yna mic rat e adaptation of the  coder has to be appl ied.

For protecti ng the packets classi fi ed as i mport ant  we have chosen three soluti ons, which are placed i n the link l a yer:

The selective packet loss recovery , redundant t ransmi ssi on , and t he hybrid sol uti on  are described next.

3. 3. Sel e cti ve p acket l oss r ecovery

For ensuring a hi gher rel i abi lit y in the transmi ssion of packets from t he mobil e st ati on to t he bridge, several paramet ers

of t he wi reless card configurati on can be set , in compliance with t he IEEE 802.11 st andard. However, the r eal

possi bili t y of changi ng t he value of the confi gurati on parameters of link l a yer depends on t he features of the parti cular

wi rel ess LAN card. We  have worked wi th t hree different commerci al wi reless LAN cards:  Aironet, Lucent Wave Lan,

and Int ersil  PRISM2  cards. The lat er i s most  advanced, because it has a hi gher level of programmabi lit y and it  i s well

documented. We studi ed t he use of t he foll owing paramet ers, which can be alt ered i n the PRISM2 card and partl y i n t he

others, t oo.

Usi ng Transmit  Power  val u es hi gher then the default i mplies that t he driver of the wireless card will  use a higher power

t o transmi t t he packet s, so t he probabilit y that a packet i s l ost will decrease. But  oft en the TX power is al read y set  t o t he

maxi mum value.

It  i s possi bl e to p rotect  the important packets by d yna mi call y changi ng t he data rate and  modul ation . In fact, when

t ransmitti ng at  a lower dat a rat e, t he packet  l oss proba bilit y decreases. Ne verthel ess, t he IEEE 802.11b WLA Ns

st andard already impl ements a d yna mi c rate shift ing in order to adjust automati call y t he data rat e t o compensat e the

changi ng radi o channel conditions. In our measurement  we used thi s automati c rate adaptati on.

The IEEE802.11 wireless LAN retransmi ts erroneous packet s aut omat icall y. The rece i vi ng side a cknowledges each

t ransmitted packet  i mmedi ately.  If the transmi tt er does not receive an acknowl edgment, it  assumes t hat  t he packet has

                                                                           CODEC

                                                                                    RTP

                                                                                   UDP

                                                                                          IP

                                                      MAC  Booster
MAC  Booster  MAC

IP

UDP

       RTP

   CODEC

                                                                                                                  IEEE 802.11       ETHERNET

Analysis

                                                       Local Host     Access Point

Point

Bridge

MAC

Remote

Host
been l ost  and rest art s the t ransmissi on after some  t i me until  a maximal  retransmi ssion

limit  has been reached. Normall y a  packet i s transmitted at  most  about  ten times, but

t hi s depends on t he packet si ze or the IEEE802.11 i mplement ati on. The IEEE 802.11

st andard does not  define retry li mi t. In thi s work, it  has been chosen to prot ect t he

i mport ant  packets using a hi gher re t ry l imit .

Usi ng t he Intersi l PRISM2 wirel ess card it  was possi bl e to change the Linux devi ce

driver and t o impl ement t he change of the number of retransmi ssi ons on a per - packet

basi s. Intersil  has incl uded this feat ure in t he firmware of the medium acces s

controller. (The MAC documentation is avai lable under NDA.) Hence, we were abl e

t o ext end the device dri ver t o support t he per - packet  maxi mal ret ry l i mit.

There are some reasons t o l imit  t he range of t he retry l i mit. A G.729 packet  is

t ransmitted at a da t a rate 11Mb/ s wit hi n 571

�
s. Therefore, it shoul d be possi bl e to

t ransmit  35 packet s withi n 20ms, which 20ms i s t he time between t wo consecuti ve

G.729 packets. But  t he DCF mode of IEEE802.11 i ncludes a backoff algorit hm,

which dela ys t he t ransmissi on of pa cket s. Thi s dela y i s a random number bet ween 0

and the contenti on window. The si ze of t he content i on window range s from mi ni mal

7 sl ot s and maximal  255 slots (DSSS sl ots are 20

�
s long) and i ncreases exponential l y

aft er each unsuccessful  transmi ssi on att emp t . The backoff i s int ended t o avoi d

col lisi ons of multi pl e t ransmitters that  t ry to send at t he same t ime, but it works in t he

same  wa y on a channel wit h a hi gh packet  error rate. The table shows t he mean

t ransfer ti me of a packet  for 1 1Mbit/ s in t he absen ce of an y other t raffic and senders.

The equati on can be found in [20].

In the IEEE802.11 PCF mode  a backoff al gori thm is not needed, because t he base station schedul es the medi um access.

Therefore, a schedul er can force t he ret ries. The scheduling algori thm i s not  yet  defi ned for IEEE802.11.

Next t he sel ec tive  packet  l oss recover y  al gori thm is described. The fol lowi ng source code i s been run for each packet to

t ransmit . Fi rst  t he function
classify

 is call ed to cl assif y t he packet as i mportant , whi ch means  that within the l ast 14

frames an unvoi ced/voi ced transit i on occurred. For important packet s the l ink l ayer prot ection is swit ched on by set ting

t he retry li mi t t o 35 and t he packet i s sent. Ot herwise, the packet i s sent wit hout  an y prot ection at  a retr y l imi t of 10, the

default val ue.

if(classify(datagram_packet))

    card.set_protection();

else

    card.no_protection();

send(datagram_packet);

Of course an additi onal dela y i s pot ent iall y i nt roduced for the transmi ssi on of t he protected packets, whil e goin g over

t he wi reless link. In fact , when using a higher retry li mit  in case of bad channel conditi ons the packets wi ll need a larger

amount  of time to reach t he remote host, due t o the higher number of link l ayer retransmi ssions. Ot herwise, without the

form er mechani sm, the y coul d be lost.  The recei vi ng si de of t he booster does not have any functi on i n this case. The

booster mechanism i s i n thi s case alread y t ransparent t o t he rest  of the net work.

3.4. The r edundant t ransmi ssi on

A second possi bilit y c onsi sts i n  prot ect ing the packets classifi ed as i mport ant  b y adding Forward Error Correct i on

(FE C) l ike redundanc y t o the transmi ssion. Usi ng FE C i s a well - known mechani sm to prot ect speech transmission for

bot h cellul ar wireless net works and interactive mul ti media on the Int ernet . In this case t he important packet s are

prot ected using packet  duplication. Each important  packet  is t ransmitted several  ti mes.

Common Int ernet applicati on and transport prot ocols have been designed t o t ol erate multiple copies of t he same p acket.

IP  does not provi de any mec hanism to filt er out  t hese packet s. Duplicat ed packet s can occur in the case of network

failure or mi suse. The net work cont rol and management might int erpret  extensive packet dupli cat ions as aggressi ve act

and t herefore ^t olerance~ of transport prot ocol s shoul d not be used for FE C. One other issue i s t hat  it  causes addit ional

t raffi c i n t he backbone, where dupl i cat ed packet s are not needed. Our boost er mechani sm filters out  dupli cated packet s

aft er the wirel ess li nk.

No of

Retries

Mean

Contention

Window in

�
s

Mean Total

Transfer

Time in

�
s

0 0 571

1 70 1212

2 150 1933

2 310 2814

3 630 4015

4 1270 5856

5 2550 8977

6 2550 12098

7 2550 15219

8 2550 18340

9 2550 21461

35 2550 99486

Tabl e 1  DCF m ode:  m ean

t ransfer t i me

One re ason for using redundant  t ransmissions is t hat t he wireless channel is hi ghl y ti me dependant . A wi rel ess channel

ma y be considered stationary onl y duri ng ver y sh ort  peri ods. Throu gh se veral  measurement s i n an indoor envi ronment

it i s possible to observe th e high vari abilit y of t he channel.

During the time bet ween t wo consecut ive packets t he important packet s ma y be  sent  several times i n order to fi nd bett er

channel conditions and t o reduce t he l oss probabili t y for t hese packet s. On the recei ver side t he bo oster mechani sm wi ll

di scard t he duplicat ed packets. Howe ver, also i n t hi s case it  i s not possi bl e t o transmi t t he same pac ket  t oo man y t imes.

Each ret ransmission requi res a cert ain amount of ti me. Therefore, i f t he packet reaches the remote si de with the n - th

t ransmi ssi on due to bad channel conditi ons, a del ay ma y be  added t hat  i s t oo in regard t o the real - time requirement s. In

t hi s work t he important packets have been sent three ti mes.

Due to t he practi cal diffi cul ties in modi fying the driver of t he wirel ess card and the software of t he base st ati on, we

i mpl ement ed t he redundant transmi ssion at the appli cation la yer i n order t o test  t he performance of this sol uti on. The

ret ransmissi ons are performe d at t he appli cation l ayer and t he eli minati on of the dupli cated packets is performed

di rectl y in t he remote host , at the appli cati on l a yer t oo.

The algorit hm t hat  implements t he protection of the i mport ant  packets i s:

if(classify(datagram_packet))

{

    send(datagram_packet);

    Thread.sleep(1);

    send(datagr am_packet);

    Thread.sleep(1);

}

send(datagram_packet);

Usi ng t hi s kind of retransmissions some redundanc y i s added because the i mport ant  i nformat ion is t ransmitt ed three

times. The throughput needed to run t his algorit hm i s higher compared t o t he normal  wa y of transmission. Howe ver, on

t he recei ver side t he duplicated packets are di scarded and the throughput  needed from t he base station t o the remot e host

t hrough t he wi red l ink i s again 8 Kbit/s, t he ori ginal bit - rat e of the codec.

3.5. The h ybrid s ol ution

At  last  the h ybri d soluti on is adopt ed. It  i ncl udes bot h sel ective packet l oss recover y and redundant  transmi ssion:

if (classify(datagram_packet))

{

    card.set_protection();

    send(datagram_packet);

    Thread.sleep(1);

    send(datagram_packet);

    T hread.sleep(1);

}

else

    card.no_protection();

send(datagram_packet);

4.  MEASURE MENT SET - UP

4.1 .  Measure me nt e nvironment

In t hi s paper a scenari o i s consi dered whi ch consi sts of a mobi l e host in an IEEE 802.11 wi rel ess l ocal area net work.

The mobil e host  t ransmit s speech packets through the wi reless l ink to the base st ati on t hat  i s connect ed to an Ethernet

net work. Through the base st ati on and the Ethernet the speech packets reach the remot e host.

The measurements t ook place at our uni versit y offi ce

bui l ding. The buildi ng has walls out of Ferro - c oncrete,

st eel  doors, and cont ai ns numerous electrical  power

i nst all ati on and workst ati ons [21] . Because of the growing

use of t he 2.4 Gigahert z frequency band one of us

conducted the test  in the evening and at  ni ght times t o

           Fi gure 5  -  H ardware of measureme nt set - up

    Local Host  Wireless LAN

                                                                 IEEE 802.11

Bridge

Ethernet

Remote Host

                                                                                             assure t hat  no other sources are t ransmitti ng in the same band.

                                                                                             A not ebook wi th a 400MHz Pentium II, Linux 2.2 and an Int ersil PRISM2 wi rel ess PC Card [ 22] using t he linux - wl an

                                                                                             driver 0.1.7 [23] has been used as t ransmit ter.   Appl e´s Ai rPort  was t he base station and has been connect ed t o an

                                                                                             Et hernet  LAN. The receiving host  has been a P C wi th a Celeron 700MHz CPU, connected t o t he LAN, t oo. Others have

                                                                                             used the LA N onl y ne gl i gibl y duri ng the measurement s.

                                                                                             The wireless LA N equi pment did not  supp ort the PCF mode;  therefore we had to use DCF. We made mea surements

                                                                                             wit h background traffi c, too, however t he result s were unreli abl e, being infl uenced largel y b y t he bursti ness of TCP

                                                                                             t raffi c. Therefore we swit ched off all  ot her senders. Wit h t he usage of  PCF t he i nfluence of burst y dat a t raffic shoul d be

                                                                                             mi ni mal.

                                                                                             4.2 .  Si mulated Play - out Buffer

                                                                                             In the Internet packets are t ransmitted with no time guaranti es and arri ve with a di fferent transmi ssion dela y at t he

                                                                                             receiving host . This variation of dela y causes  del ay ji tt er. Howe ver, the G.729 audi o frames are generated at a fi xed rat e

                                                                                             of 10ms and the recei ver pl ays out t he frame at the same rat e. To avoi d the effect  of dela y jitter a pl a y - out  buffer is

                                                                                             used. The pl a y - out  buffer st ores voi ce packet s for a cert ai n time until t he y are decoded. The size of the pla y - out  buffer

                                                                                             i s sel ected i n such a wa y t hat most  packets are pl a yed on time. Pl a y - out  buffer i n multimedia t erminals have the

                                                                                             drawback that they do not know the transmi ssi on del ay at  t he beginning, causi ng i niti al inaccuracy, until  the channel

                                                                                             conditions are known better. During t ransmissi on the y are adapt ed to the current del ay c ondi ti ons [24].

                                                                                             In our mea surement the pla y - out  buffer differs from c ommon i mpl ement ati ons, e.g. [25]. Duri ng t he measurement  t he

                                                                                             packet  arri val  ti me i s stored. After t he compl ete audio sampl e has been t ransmitt ed, t he time st amps are used to

                                                                                             calcul ate the effect of the pl ay - out  buffer. To get t he l ower bound of t he pla y - out  buffer for each packet the relative

                                                                                             t ransmi ssi on dela y i s c alculat ed. The packets are generat ed at a regular i nt erval  at  the sender (figure 6, line t0). The y are

                                                                                             t ransmitted and arri ved at  t he receiver with a del ay.  It i s possible to identify the fastest  packet, even wit hout  knowi ng its

                                                                                             absolute del a y. The fastest  packet  i s used t o set the opt i mal lower bound of the pla y - out  buffer (fi gure 6, line t1). Using

                                                                                             a given buffer si ze t he pl ay - out  can det ermi ne all packets that  are t oo l ate (or whi ch are right  of l ine t2). The novel

                                                                                             si mul ated pl ay - out  buffer has t he advan t age that the effect of different  pla y - out  buffer sizes can be anal yzed for the

                                                                                             same measure ment  by changi ng the upper bound of the pla y - out  buffer.

Voice Frames

Transm itter  Receiver

                                                                                                                     t0  t1  t2

Tim e

                                                                                             Fi gure 6  ˘  Si mulated Play - Out Buffer

                                                                                             4.3 .  Speech Samp l es

                                                                                             The speech sa mpl e, which has been used for t aki ng

                                                                                             t he measurements, consi st s of about  15 seconds of

                                                                                             mal e and femal e Engli sh speech. In total  1125

                                                                                             encoded speech frames are transmitt ed t hrough t he

                                                                                             wi rel ess link to t he remot e host .  Si nce two speech

                                                                                             fram es are encapsul at ed in one RTP packet  a t ot al

                                                                                             of 564 packets are sent  t hrough t he wirel ess li nk.

                                                                                             Each speech t ext  has been t ransmitted 100 times,

                                                                                             aft er whi ch the positi on of t he transmitt er has been

                                                                                             alt ered. On the recei vi ng side we coll ect  whether

                                                                                             and whe n the packet s have arrived. The result s are

                                                                                             si multaneous anal yzed b y t he simulat ed pl ay - out

                                                                                             buffer and then b y a speech qualit y evaluati on.

Original

Audio

File   Encoder

Encoder

Compression

RTP

UD P

IP

IEEE 802.11

     Ethernet

         IP

       UDP

       RTP

Decompression
 Decoder

Decoder

Received

Audio

File

Losses evaluation

EMBSD evaluation

Play - out

Buffer

Base

Station

      Booster

  Booster

Booster

IEEE 802.11

Ethernet

Fi gure 7  -  compl ete measureme nt set - up

4.4 .  Overall  measureme nt se t - up

To summarize, the compl ete measurement  set - up i s displ ayed in fi gure 7. The origin al speech sampl e is fi rst  encoded

and t hen anal yzed for voi ced/unvoiced transiti ons. Two frames are combined i n one packet. This packet i s t ransmitt ed

using RTP /UDP/ IP and wireless LAN. If t he packet i s cl assified as important the boost er cont rols t he tran smi ssi on. The

base st ati on recei ves t he packet  and forwards it to the corresponding host , where the booster filters out dupl icat ed

packet s. The packet  arrival time i s stored. Aft er measurement  t he pl ay - out  buffers are simul at ed usi ng the ti me stamps

of t he  packets. For multi pl e pla y - out  buffer si zes the packet loss rate is cal cul ated. The remai ning frames are dec oded.

The resulting audi o sampl e i s being compared wi th the original using EMBSD and so the voi ce qualit y i s eval uat ed.

5.  MEASURE MENT RESULTS

The f oll owing measurement results present the cases of hi gh error rat e, which occur on the outer limit  of t he

t ransmi ssi on range or during move ment  of t he mobi le termi nal . We ski pped t he measurement s which have few or no

packet  l osses, because  t he voi ce qualit y  d oes not show an y degradati on. Most  of t he ti me we not i ced a good wi reless

channel or no connection could be est ablished. Cases of hi gh error rates were seldom. The fol lowing pl ot s are based on

400 measurement , each 15s l ong.

The four anal yzed al gori thms  were:

                       � �
                                               Normal  VoIP architecture ( unprot ect ed )

                       � �
                                               Sel ecti ve packet  loss recovery booster

                       � �
                                               Redundant t ransmi ssion  boost er

                       � �
                                               Hybrid  boost er

Fi gure 8 has on t he y - axi s the l oss rat e and on t he x - axi s the pla y - out  buffer length. The reported l oss rat e i s t he speech

f rame l oss rate. Consi dering that  two speech frames are encapsul at ed in one IEEE 802.11 packet , the channel packet

l oss rat e i s half the frame loss rat e. In t he fi gure the packet loss rate i s between 2% and 10%. The pla y - out  buffer size is

measured in frame s. Therefore , the scale has to be mul tipli ed by 10ms to get t he ti me.

In figure 9, the perceptual di st orti on (EMBSD) as a functi on of t he pla y - out  buffer si ze is pl ott ed for all  t he anal yzed

cases. Lower values are corresponding to a better speech qualit y.  Identi cal  audio sample a dist orti on of zero. Due t o the

coding l osses of G.729 the values between the ori gi nal  and the decoded/ encoded sampl e i s 0.9.

Fi gure 8  ˘  losses/buffer size  Fi gure 9  ˘  EM BSD/ buff er  size

In Fi gure 10  t he vari ance of t he perceptual di stortion as a funct ion of the pl a y - out  buffer si ze is pl otted. Figure 11 is

combi ned out  of fi gure 8 and 9. It compares the frame losse s rat es with the EMBSD val ue.

 Figure 10   -  EM BSD variance/ buffer si ze   Fi gure 11  ˘  EM BSD / losses

6.  ANALYSIS

St art ing wi th fi gure 8 we fi rst anal yze the i nfluence of t he si ze of t he pl ay - out  buffer. For all three booster algorit hms

t he l oss rat e decreases for values up t o 100ms. For values above 100ms the l oss rat e is more st abl e and decreases onl y

sl ightl y. The ti me of one pac ket  t ransmissi on on the wirel ess l ink is in all cases bet ween 571

�
s and 100ms. Therefore

we can conclude t hat  t he los s rate i s not onl y infl uenced by the wi reless link but  al so by other sources. Indeed, in the

current  measurement  set - up the time st amps, whi ch are used for the pla y - out  buffer simulation, are t aken at  the

appli cati on l a yer. Thi s might cause additi onal del a y variations due to process scheduling, garbage coll ecti on of t he Java

virtual machine and queui ng in t he network. Furt hermore, an additi onal processing overhead of t he boost er al gorithms

can be identified compared to t he unprotect ed case. The reason for m easuri ng at the appli cati on la yer is that for the

perceptual qualit y the mout h - to - ear dela y is most important. The appli cation l a yer i s a close approxi mati on to it  because

onl y the acousti cal  processi ng and propagat ion i s mi ssing. Howe ver, the appli cat ion l ayer processing has t o be

opt imi zed and t he reasons of t he dela y variation have t o be studi ed further. It  mi ght  the useful t o pl ace the tel ephony

appli cati on in a real - t ime execution environment  to avoi d additi onal del ay vari ati ons.

In t he foll owing we wi ll concentrat e on pl a y - out  buffer sizes between 100ms and 200ms, which are values that  are stil l

acceptabl e for interactive audi o com municati on. In figure 8 the l oss rat e of t he four al gori thms can be compared.

Whereas the select ive packet loss recovery ha s no i nfl uence on t he l oss rat e -  it even increases it ˘  t he redundant

t ransmi ssion  and the hybrid  cases decreased t he losses b y a bout  30% and 40%. Comparing it  with fi gure 9 we can see

t hat in it t he case of selective packet  l oss recovery , even through t h e l oss rate i s si mil ar t o the unprot ect ed  case, the

percei ved speech audi o qualit y i s improved. Bot h redundant t ransmi ssion  and t he hybrid  cases i mprove t he voi ce

qualit y t oo. But  what  are t he reasons for these i mprovements?

In Fi gure 10 , the vari ance of the perceptual  di st orti on as a functi on of the pl ay - out  buffer si ze is plotted. The gain

achi evabl e with the new boost er mechani sm i s evi dent. The vari ance of the hybrid  case is decreased by about  40%

compared t o the unprotect ed tr ansmissi ons. The other cases are in between.

Fi gure 11 compares the packet loss rate with t he EMBSD perceptual  dist orti on for t hree cases. We can see roughl y two

lines: The fi rst  line i s based on dat a from the unprot ect ed, redundant t ransmi ssion, and hybri d cases . The second

consists of data from t he  sel ective packet loss recovery  ca se. The sec ond has a  far better correl ati on of l osses versus

EMBSD. The l osse s have l ess negative i nfluence on t he voice qualit y.  Thi s might be due t o t he fact that if losses o ccur,

t he y are li kel y due to unimportant  packet s and t herefore the perceived speech audio quality is kept at a good l evel .

7.  RELATED WORK

For Voice over IP Bol ot  [26] has proposed to use an open loop error control  mechani sm based on forward error

corre cti on. He argued t hat  ARQ mechani sms are not  a ccept abl e for interactive audio appli cati ons because the y

dramati call y increase end - t o - end lat ency. The di scussed soluti ons are onl y end - t o - end.

Baki n [2] has devel oped an FEC Booster for UDP appli cations over t errestrial  and satelli te wi rel ess networks. The

booster i s si mil ar to our redundant soluti on, but protects mul ti pl e consecuti ve packet s b y additi onal  parit y packets.

Therefore, it  i ncreased the latenc y, because the l ost  packets can onl y be reconst ruct ed a fter recei ving all  other packet  in

a FE C block.

8.  SUMMARY

Thi s work has start ed to anal yze potenti al qualit y i mprovement s of voice over wi rel ess LAN. The experimental  result s

show t hat it is possi bl e t o increase the voi ce qualit y i n the case of hi gh packet  error rat es. The main research

contributi ons are the devel opment  of new booster mechanisms, which i mprove t he perceived audio qualit y, and a set - up

of an experiment al measurement  envi ronment  for test ing t he end - t o - end performance.

The boost er mechanism selectivel y prot ect s packets, which are classi fi ed as important for t he perception of t he voi ce.

The SPB boost er adopts a speech aware transmission polic y for VoIP packets through t he wireless l ink. The packet s

marked a s relevant to t he percepti on of the v oice are sent  i n a ^protect ed~ wa y. Three sol utions have been proposed,

selective packet  l oss recovery , redundant transmissi on , and hybrid solution . We i mplement ed the SPB boost er

mechani sms for a Linux operati ng syste m and IEEE 802.11 wi reless LAN drivers  and used t hi s syst e m for t he

measurements.

The result s of our measureme nt s have been anal yzed regarding t he packet l oss rat e, the speech qualit y and t he pl ay - out

buffer size.  The SPB boost er l eads in our experi ment s to an i mprovement of t he audio quali t y . The voice qualit y

i ncreases from the unprot ect ed case , t he selective packet l oss recovery , redundant  t o the hybrid  case. Interpreting the

measurement result s we can sa y that  t he hybrid  and redundant  t ransmissi on causes these gai ns by a reduced l oss rate

and i n t he case of selective packet loss recovery  the voi ce q ualit y i s i mproved b y an intelli gent distri buti on of t he packet

l osses, whi ch has a small er negat ive effect on t he speech qualit y. The measurement  resul ts are preli mi nary and further

st udies have  to be made to i mproved t he staticall y accurac y and identif y furt her reasons of dela y ji tt er and l oss.

During t he development of the novel boost er mechani sm several probl ems have been encountered. It has been quite

di fficult  t o deal  wit h the device drivers  t o change the li nk l ayer properties because of a l ack of documentation. Real

drivers introduce unknown side effects that make t he interpret ati on of the experi mental  results hard. The manufactures

should open the documentation of t he wi rel ess net working eq uipment  t o all ow the development of appli cation - speci fi ed

i mprovements.

We are continui ng our initial experiments because furt her research regardi ng Speech Propert y Based (SPB) boost ers

promises t o produce encoura gi ng result s. This work has been successfu l  in showing that  the perceptual voice qualit y

over wi rel ess LAN can be improved -  even using an experimental  set - up.

ACKNOWLEDGEMENTS

We woul d li ke to express our gratitude to Ing. Enrico Gregori for having made t he vi si t of Iacopo Carreras at

Technisch e Uni versit ä t Berlin possible.

REF ERENCES

1.  IEEE Comput er Soci et y LA N MAN St andards Commi ttee. Wi rel ess LA N Medium Access Control  (MAC) and

                        Ph ysi cal  La ye r (PHY) Specificati ons, IEEE Std 802.11 - 1997. The Inst itute of El ectrical and Electronics Engineers,

                        New York, Ne w York, ( 1997 ) .

2.  Wi rel ess LA N Associati on,  ^ Wi rel ess l ocal  a rea n etworki ng: ROI /  c ost - b enefit  s tud y ~, avai lable vi a WWW at

                        URL:  ht tp: // www.wl ana.com .

3.  M. Veeraraghavan, N. Coc ker ,  a nd  T. Moors, ^Support  of voi ce services in IEEE 802.11 wirel ess LANs~,  Proc.

                        Infocom , Anchorage , Alaska,  (April  2001 ).

4.  A.  Köpsel , J. - P. Ebert , and A.  Woli sz , ^A p erformance c ompari son of p oint and d i stribut ed c oordinati on f uncti on

                        of an IEEE 802.11 W LAN i n the p resence of r eal - t i me r equirement s , ~  in Proc. 7th Intl. Workshop on Mobile

                        Mult imedia Communicati ons (MoMuC2000),  Tokio, Japan,  ( Oct ober 2000 ) .

5.  H. Bal akrishnan, V.N. Padmanabhan , S. Seshan, and R.H. Katz. "A c ompari son of m echani sms for i mprovi ng TCP

                        p erformance over w i reless l i nks," ‘96 Conference, p p .  2 56 - 2 69, Stanford, Californi a, ( August  1996).

6.  M.  Schläger, B.  Rat hke, S.  Bodenst ei n, and A.  Woli sz , ^Advocati ng a r emot e s ocket a rchitect ure for i nternet a ccess

                        using w i reless LAN s , ~  Mobil e Networks, Speci al Issue on W irel ess Int ernet  and Int ranet  Access , Kl uwer Academi c

                        Publ ishers, 6(1):23 - 42 , ( January  2001 ).

7.  F.  Fi tzek, B.  Rat hke, M.  Schlä ger, and A.  Woli sz, ^Si mult aneous MAC p ac ket t ransmission in i ntegrated

                        b roadband m obile s ystem for TCP , ~  Proc. of ACTS SUMM IT 1998, pp .  580 - - 586, Rhodos, Greece, ( June  1998).

8.  W. Yang, M. Benboucht a, and  R. Yantor no. ^Performance of the m odi fi ed s pect ral dist ortion  as an object ive

                        s pe e ch q ualit y m easure , ~  i n P r o c. ICCASP, vol . 1 ,  Seattle , Was hi ngt oon, (Mai  1998 ).

9.  N. Long Le,  ^Devel opment  of a l oss - r esili ent i nt ernet s peech t ransmission m ethod , ~  Di ploma Thesis, GMD Fokus

                        / Lehrst uhl f ür Tel ekommunic ati onsnet ze, TU Berlin ,  Berli n, German y,  ( Mai  1999 ) .

10.  H. Sanneck ,  ^Packet l oss r ecover y and c ont rol  for v oice t ransmission over the i nternet , ~  PhD Thesi s, GMD Fokus ,

                        Berlin, G ermany, ( Okt ober 2000 ) .

11.  H. Schulzrinne ,  and J. R osenberg, "Int ernet  tel ephony:  a rchit ect ure and p rotocol s  -  an IETF perspecti ve ," Compu t er

                        Net works and ISDN Syst ems,  V ol . 31, pp. 237 - 255, ( February  1999 ).

12.  H. Schulzrinne, S. Casner , R. Frederick, and V. J acobson,  ^ RTP: a transport  prot ocol  for real - time appli cati ons , ~

                        RFC 1889, Internet Engi neering Ta sk Force, ( Jan ua r y  1996 ) .

13.  Internati onal Telec ommunication Union. ^Codi ng of s peech at 8 Kbi t u si ng c onjugat e - s t ruct ure a l gebraic - c ode -

                        e xcited l inear - p rediction , ~  ITU - T Rec om mendation G.729 ,  ( March 1996 ) .

14.  J. Roseberg ,  ^G.729 e rror r ecover y for i nt ernet t elephony , ~  P roj ect report, Columbi a Universi ty , ( 1997 ) .

15.  L. Sun, G. Wade, B. Li nes, and E. Ifeachor, ^ Impact of p acket l oss l ocat ion on p erceived s peech q ualit y , ~  2nd IP -

                        Tel ephony Workshop , pp.  114 - 1 22, New York, USA, ( Apri l 2001 ).

16.  J. Berger, H. Klaus, I. Kli che, T. Scheerbarth, H. - W. Gi erlich, and F.  Kett l er, ~Report of 1st   ETSI VoIP s peech

                        q ual it y t est e vent , ~  ETSI EP TIPHON 22, Temp. Doc. 031 , Bet hesda, USA, ( March 2001 ).

17.  C. S. Chow, ^Research on o bje cti ve s peech q ualit y m ea sures~, Mast er Thesi s, Massachusett s Institut e of

                        Technol ogy, USA,  ( February 20 01 ) .

18.  D. C. Fel dmei er, A. J .  McAul ey, J. M. Smi t h, D. S. Bakin, W. S. Marcus, and T. M. Raleigh, "Prot ocol  boost ers,"

                        IEEE Journal on Sel ect ed Areas i n Communications, Speci al Issue on P rot ocol Architectures for 21st Cent ur y

                        Appli cati ons , 16(3): 437 - 444 ,  ( April  1998 ) .

19.  G. Car l e, and E. W. Biersack, ^Surve y of e rror r ecover y t echniques for IP - based a udi o - v i sual m ulticast

                        a ppl icati ons~ , IEEE Net work Magazine, 11(6): 24 - 36, ( November 1997 ) .

20.  F. Cal i, M. Conti, and E. Gregori , "IEEE 802.11 wi rel ess LAN:  c apacit y a nal ysis and p rotocol  e nhancement ,"

                        Proc. IEEE INFOCOM , P iscatawa y , N ew  J erse y , ( 1998 ).

21.  B. Rathke, M. Schl ager, and A. Woli sz, "S yst emat i c m easurement of TCP p erformance over w i reless LAN s,"

                        Technical Report TKN - 01BR98, Tel ecommunicati on Net works Group, Technical University Berli n , Berli n,

                        German y, ( December 1998 ).

22.  Intersil s PRISM2 Reference Design ,  avai lable vi a WWW at URL:  ht tp: // www.i nt ersil.com/ desi gn/pri sm/

23.  linux - wl an(tm) Project, avai lable vi a WWW at URL:  ht tp://www.l inux - wl an.com

24.  R. Ra mjee, J. Kurose, D. Tow sle y, and H. Schulzrinne, "Adapti ve p l ayout  Mechani sms for Packeti zed Audi o

                        Appli cations i n Wi d e Area Networks , "  In Proceedings of t he Conf erence on Computer Communi cati ons (IEEE

                        Infocom) , pages 680 -- 688, Toronto, Canada, ( June 1994 ) .

25.  H.  Schulzrinne, ^NEVOT  Impl ementation and Program St ructure , ^  Uni versity of  Massachusett s, Techni cal Report ,

                        ( 1996 ).

26.  J. - C. Bol ot ,  and A. Vega - Ga rci a, "The case for FEC - based e rror cont rol for packet  audi o in the internet," ACM

                        Mult imedia Syst ems,  ( 1997 ).

27.  D. Bakin, W. Marcus, A. Mc Aule y, and T. Ralei gh. ^An FEC b oost er for UDP a pplication over t errest ri al and

                        s atellit e w i reless n etworks,~ International  Mobile Sat el lit e Conf erence (IMSC 97),  Pasadena, C ali fornia  ( June

                        1997 ) .