Packetized Voice, Video and Email Integ rated Transmission over WirelessTDMA Networksw ith Bursty Channel Errors

P. Koutsakis and M. Paterakis

Dept. of El ectr onics and Comput er Engineer ing

Tel ecommuni cati ons and Information & Computer Net wor ks Laborat o ries

Techni cal Universityof Crete, 73100 Chania Greece tel : +30 821 37343, e - mail: pol k@telecom.tuc.gr , pateraki@telecom.tuc.gr

ABSTRACT

In this paper we expl ore, via an extensiv e simulat ion study, t he performance of a new medium access cont rol

(MAC) prot ocol when int egrat ing voice, video and e - mail data packet traffic over a wireless high capaci ty picocellul ar system, wi th errors. Depending on the number of video users admi tted i nto the s yst em, our protocol varies: a) t he request bandwidth dedicated to resolvi ng the voice users contention, and b) the probabi lit ywi th whi ch the base station grant s information slot s to voice users, in order t o preserve full priorit yfor video traffi c. We eval uate the voi ce and video packet droppi ngprobabili ties for various voi ce and video load condi tions, and the average email dat a message del ays.

�

XU�VFKHPH�DFKLHYHV�KLJK�DJJUHJDWH�FKDQQHO�WKURXJKSXW�

in all cases of t raffi c l oad, despi te the introdu cti on of

errors in t he system. Ö

I. VOICE - VIDEO - DATA INTEGRATION

A. Channel Frame Structure

Withi n t he pi cocel l, spat iall ydispersed source termi nals

share a radi o channel t hat connect s them t o a fixed base

stat ion. The base stat ion all ocat es channel r esources,

delivers feedback i nformation and serves as an i nt erface

to the mobile swi tchingcenter (MSC). The MSC provides

access t o the fixed network infrastruct ure.

The upli nk channel ti me is divided int o t ime frames of

equal length. The frame durat ion i s sel ect ed such t hat a

voice terminal in t alkspurt generates exactlyone packet

per frame. As shown i n Figure 1 (which presents the

channel frame struct ure), each frame consi sts of two types

of i ntervals. These are the voice and data request

interval s and the informat ion i ntervals.

Withi n an informati on interval , each sl ot

accommodates exactl yone, fixed l ength, packet t hat

contains voice or vi deo i nformati on and a header. Voice

Ö This research has been funded by the G reek G eneral

Secretariat of Research and Technology and the European Social

Fund, through PENED ´99 grant no 99ED 192.

and dat a request int ervals are subdivided int o mini - slot s

and each mi ni - slot ac commodates exact lyone, fixed

length, request packet. The request must include a source

identi fier. Si nce we assume t hat all of the voice

transi tions occur at the frame boundaries 1 , we place all

request i ntervals at t he begi nni ng of the frame, in order to

mini mize t he voi ce packet access del ay. We i ntroduce the

idea [6] that t he reques t sl ot s can be shared by voice and

data terminals (first by voice t erminals and, after the end

of voi ce contention, by data t erminals), in order to

optimi ze the use of t he re quest bandwidth.

Voice and dat a terminals do not exhaust their attempt s

for a res ervation wit hin the request i nt ervals. Any ot her

free, at the time, informat ion slot of the f rame can be

temporaril y used as an extra request slot (ER slot) for

voice and dat a t erminals [3]. The ER slots can be used by

both voice and data termi nals, wit h priori tygiven t o voice

terminals. The concept of reserving a mi ni mum

bandwidth for voice and dat a termi nal s to make

reservati ons hel ps to keep the voi ce access delaywi thin

r elat ivelylow li mits and gi ves clearl ybetter performance

than the PRMA [1] and qui te a few PRMA - li ke

algorit hms, such as DPRMA [ 2], where t he absence of

request slots leads to a conti nuouslydecreasing

probabi lit yof findingavailabl einformat ionsl ot sas t raffi c

increases, and hence to great er access del ays.

No request slots are used for the video t erminals,

becaus e of t wo reasons, which wil l be be analyzed in

secti on 2.3.

B. Voice, Vi deo and Data Traffi c Models

Our primaryvoice traffic model assumpt ions are t he

foll owing:

1. The speech codec rate i s 32 Kbps, and voi ce termi nals

are equipped with a voice activi tydet ector (VAD) [1].

Voice sources follow an al ternati ng patt ern of t al kspurts

and silence periods (on and off), and the out put of the

voice acti vitydetect or is model ed bya two - stat e discrete

ti me Markov chain. The mean talkspurt durat ion i s 1.0

secs and t he mean si lence duration i s 1.35 secs.

2. All of t he voi ce source transi tions (e.g., tal kto si lence)

occur at the frame boundaries. Thi s assumpti on i s

1 The explanation for thisassumption willbe given in section 2.2.

reasonablyaccurate, taki ng i nt o considerat ion that the

duration of a frame is equal t o 12 ms here, whi le the

average durati on of the t alkspurt and sil ence periods

exceeds 1 sec.

3. The voice del ayli mit is equal to 40 ms.

4. The channel i s without capt ure.

5. Reserved sl ot s are deal located immediately. This

impl ies t hat a voice termi nal holding a reservation signals

the BS upon the completi on of i ts t alkspurt.

Our video traffic model i s based upon work done by

Heyman, et al [5]. In thi s st udyof actual

videoconferenci ngtraffic, video frames (VFs) were found

to be generated periodicall yand to contai n a varying

number of cells in each frame. The distribution of the

number of cell s per VF was found to be described bya

gamma (or equivalentl y negative binomial ) distribution.

A Markov chai n model can be const ructed t hat

demonstrates the t ransiti on from one st ate t o the next.

The s tatis tics for video conferenci ng t raffi c that were

obtained i n [5], were the resul t of codi ng a video

sequence with a modi fied version of the H.261 st andard.

The resul ts showed a peak cell generati on rat e of 220

cell s/VF (2.112 Mbps), an average generation rate of

104.8 cell s/VF (1.006 Mbps), and a st andard deviat ion of

29.7 cell s/VF (0.285 Mbps ). The cel l si ze was tak en equal

to 48 byt es, whi ch i s equi val ent to the ATM cell si ze.

New VFs are assumed t o arrive every40 msecs (i.e., 25

VFs per second).

We adopt the data traffic model based on stat isti cs

collect ed on emai l usage from the Finish Uni versityand

Research Net work (FUNET) [ 7]. The probabil ity

dist ribution funct ion f(x) for the l ength of t he data

messages of this model was found t o be wel l

approxi mated bythe Cauchy (0.8,1) dist ribution. The

packet i nt er - arri val t ime di stri but ion for the FUNET

model i s exponent i al.

The maximum t rans mission delayfor voice and video

packets is set t o 40 msecs. That i s, al l vi deo packets of a

VF must be delivered before the next VF arrives. The

all owed voi ce packet droppi ng probabili tyi s set t o 0.01,

whereas the allowed video pac ket dropping probabili tyis

set to 0.0001.

C. Actions of Voi ce, Video and Dat a Ter minals, Base

Stati on Scheduling, and Voice - Data Transmi ssion

Prot ocol

Voice and dat a t erminals with packet s, and no

reservati on, contendfor channel resourcesusi ngarando m

access prot ocol t o t ransmit t hei r request packets only

during t he voice - data request i ntervals, with absol ut e

priori tygiven t o voi ce termi nals. The base st ation

broadcas ts a short binaryfeedback packet at the end of

each mini - slot indicati ng onlythe p resence or absence of

a coll ision within t he mini - slot (colli sion (C) versus non -

colli sion (NC)). Upon successfull ytransmi tti ng a request

packet the terminal waits until t he end of the

correspondi ngrequest interval to l earn of it s reservati on slot (or s l ots). If unsuccessful wi thin t he request i nt ervals

of the current frame, t he termi nal attempt s agai n in the

request interval s of the next frame. A t erminal with a

reservati on transmi ts freelywithin its reserved sl ot .

Vi deo terminals, as al readyment ioned , do not have

anyrequest s lots dedicat ed to them. This happens for t wo

reasons:

1. Vi deo sources ^ li ve ~ permanentl yin t he system, they

do not fol low an ON - OFF state model like voice

sources.

2. Vi deo t raffi c foll ows a mul ti - stat e Markovmodel , in

which however stat e t ransiti ons do not occur very

often.

Thus, there i s no need for granting request bandwi dt h to

the vi deo t erminals, as i t woul d be wasted i n most cases.

Video t erminals convey their requirements t o t he base

stat ion by transmi tti ng them w it hi n the header of the fi rst

packet of their current video f rame.

To all ocat e channel resources, the BS mai ntains a

dynamic tabl e of the act ive terminals withi n the picocell.

Upon successful receipt of a voice or data request packet,

the BS provides an acknowledgment and queues the

request. The BS allocates channel resources at the end of

the corresponding request interval .

Vi deo termi nal s have absolute pri orityin acquiri ng the

slot s theydemand. If a full all ocat ion is possi bl e, t he BS

then proceeds t o allocat e anyst ill available i nformation

slot s to the requesting voi ce terminals. Otherwise, if a ful l

all ocat ion is not possible, the BS grants to the vi deo users

as manyof t he slots t heyrequest ed as possi bl e (i.e., the

BS makes a partial all ocat ion). The BS keeps a record of

anyparti al all ocat ions so that the remai ningreques ts can

be accommodat ed whenever t he necessarychannel

resources become avai lable. In eit her all ocat ion type cas e,

the BS all ocat es the earliest available i nformation s lots t o

the video t erminals, which, if needed, keep t hese slots in

the fol lowing channel frames, until the next vi deo frame

(VF) arri ves.

Voice t erminals which have successfull yt ransmit ted

their request packets do not acquire all the avail able (after

the servi cing o f vi deo t erminals ) informat ion slots in the

frame. If this happened, voice termi nal s would keep t hei r

dedicated slots for the whole durati on of their t alkspurt

(on average, more than 8 channel frames here), and thus

video terminals, would not fi nd enough s lots to transmit

in, and the part icularl yst rict video QoS requirements

would be violated. The BS allocates a sl ot t o each

requesting voi ce t erminal wi th a probabil ity p* . The

requests of voice terminals whi ch ² fai l ² to acquire a

slot , based on the abo ve BS slot al location poli cy, remain

queued. Within each priorit yclass, the queuing disci pl ine

is assumed to be Fi rst Come First Served (FCFS).

We studyt wo cases of incorporati ng email dat a users into

the s ys tem:

In the first case, each dat a user is al l owed to reserve

just one slot per frame, which is guaranteed unt il the

completi on of the emai l message transmi ssion. The

^defensive~ choi ce i s eas ilyexplained byt he fact t hat video traffic is quit e bursty. Thus , the number of voice

terminals has t o be dr asti callydecreased as the dat a

message arri val rat e increases, i n order to cope wi th the

bursti ness of t he vi deo t raffic mainlybut also wi th the

bursti ness of the data traffic, and s till be able t o preserve

the QoS requi rements for each traffic type. Thi s explai ns

our ² defensive ² choice, as t his would lead t o a further

decrease of the maximum voice capacit yi n order to

preserve t he video QoS requirement s.

The s econd case is the one in which t he BS

^preempts~ data reservations in order to service new

voi ce requests. When data reservations are canceled, the

BS not ifi es the affected data termi nal and pl aces an

appropriate request at the front of t he data request queue.

Final ly, i n order to preserve t he stri ct video QoS, we

enforce a scheduli ng pol icyfor t he video terminals which

prevents unneces sarydroppi ng of video packets in

channel frames wit hin which the arri val of a new VF of a

video user takes place (the detai ls of this ^reshuffling~

policycan be found in [6]).

In our study, we adopt t he two - ce ll stack [4]

reservati on random access al gori thm for us e by

contendi ngvoice t erminals , due to its operat ional

simpl icit y, stabil ityand rel ativelyhi gh t hroughput when

compared to the PRMA (Aloha - based) [1] and PRMA -

li ke algorithms, such as [2]. A sl ightl ydifferent blocked

access coll ision resolution al gorithm is adopted for use by

the data t erminals in order to t ransmit their dat a request

packets.

II.CHANNEL ERROR M ODELS

We use a two - stat e Markov model and an N - stat e Markov

model to emul ate the proces s of packet transmi ssion

errors (from [8]). In the two - stat e Markov model, the

channel switches between a ^good st at e~ and a ^bad

stat e~, s0 and s1 respect ively: packets are transmit ted

correctl ywhen t he channel is i n state s0, and errors occur

when the c hannel i s in s tate s1. The N - stat e Markov

model (pres ent ed in [8]) comprises 6 st ates i n the uplink

channel ,which is here under st udy. State s0represents the

^good state~ and all other states represent the ^bad

stat es~. When the channel i s in state s0, i t can either

remai n i n this st ate, with probabilit y1 - p 0, or make t he

transi tion to st ate s1, wit h probabi lit y p 0. When the

channel i s in state sn, n

� messages/ frame) and for bot h channel error model s examined.

Our resul ts show t hat , for the cases of both the error models, the data preempti on mechani sm helps significantlyi n t he increase of the voice capacit y. Al so, for al l data mes sage arrival rates, we observe t hat in t he presence of t he N - stat e error model our scheme achieves sli ght lybett er result s. This can be expl ained based on the observation that , alt hough the t wo error model s have the same probabi lit yof good - bad and bad - good st ate transi tions , t he N - stat e model is less burst y, due to the

2 The channel bandwidth consum ed byeach video source is large, and thus, when we examine cases with a sm all number of video sources, the sys tem can acc om modate a significantlylar ger number of voice sources. In this case, more voice request slots are needed in order t o allow voice s our ces to enter the system without significant dropping of voice packets.

fact that this model can only generate burst errors of at most length N - 1 , i.e., 5 slots in t his case.

Figure 2 presents t he throughput (%) achieved byour scheme (number of slots us ed/ frame, divided bythe n umber of i nformation sl ot s in t he frame) for the 2 - stat e error model, for di fferent numbers of video users and wi thout preempt ion. Fi gure 3 present s the t hroughput achieved byour scheme for the N - stat e error model, for different numbers of vi deo users, wi th preempt ion. Thus , these two figures present the ^mi ni mum~ and

^maximum~ set of throughputs achi eved byour scheme for all t he data message arri val rates under st udy. As shown in bot h figures, even for the cas e of 5 video users, in which the syst em is he avilyl oaded wi th burst yand demandi ngs ources and it has t o cope wi th the transmission errors, the throughput achievedi squite high.

The reasons for which VVEDI achieves s uch good resul ts

(st eadi lyabove 70% throughput ) are:

1) Our propos ed video sl o t all ocat ion mechanism is verydynamic, thus achieving higher bandwidth util izati on.

2) The use of the probabili ty p* for t he al location of slot s to voice t erminals ensures the absolute pri ority of t he verydemanding video t raffic in t he system.

3) With t he pro posed above mechanism and t he use of

ER sl ot s, our scheme ^expl oi ts~ t he maximum amount of slots wit hi n the frame.

4) The data preempt ion pol icyproves its el f to be very effect ive, as it imposes just a s mall extra del ayon email data messages (of t he order of 600 - 1000 ms , which is t ot allyaccept abl e for email traffic), whil e at the same ti me i t helps our system to i ncreaseit svoice capacitysi gni ficantl y(i.e., around 3% i n the case of

1 video user, around 6% i n the case of 3 video users ).

REFERENCES

[ 1] S . Nanda, D. J. G oodman and U . Timor, ² Performanceof

PRMA : A packet voiceprotocol for cellular systems ² , IEEE

Transactions on Vehicular Technology , Vol. 40, pp. 584 - 598,

1991.

[ 2] D. A . Dyson and Z. J. Haas, ² A Dynamic PacketReservation

MultipleAccess S cheme for Wireless ATM ² , Proceedings of the IEEE MILCOM’97 .

[ 3] N. M. Mitrou, G. L. Lyberopoulos and A. D . Panagopoulou,

² Voiceand D ata Integration in theA ir - Interface of a

Microcellular MobileCommunication System ² , IEEE

Transactions on Vehicular Techn ology , V ol. 42, No. 1, Feb.

1993, pp. 1 - 13.

[ 4] A. C. Cleary and M. Paterakis, ² On theVoice - Data

Integration in Third G eneration Wireless Access

Communication Networks ² , European Transactions on

Telecom munications and Related Technologies , Vol. 5, No. 1,

Jan. - Feb. 1994, pp. 11 - 18.

[ 5] D. Heyman, T. V. Lakshman, A. Tabatabai and H. Heeke,

² Modelingteleconferencetraffic fromVBR video coders ² ,

International Conference on Com munications ´94, vol. 3, pp.

1744 - 1748, 1994.

[ 6] P. Koutsakis and M. Paterakis, ² O n MultipleTraffic Type

Integration over Wireless TDMA Channels w ith A djustable

Request Bandwidth ² , International Journal of Wireless

Information Networks, V ol. 7, No.2, pp.55 - 68, 2000.

[ 7] Q. Pang, A . Bigloo, et al., ² ServiceSchedulingfor General

Pack et Radio ServiceClasses ² , Proc. of the IEEE Wireless

Communications and Networking Conference 1999 (WCNC

´99), New O rleans, U SA.

[ 8] Chi - Yuan H su, Antonio Ortega, ² RateControl for Robust

Video Transmission over Burst - Error Wireless Channels ² , IEEE

Journ al on Selected Areas in Comm unications, Vol. 17,

No.5,May1999.

1 - 5 slots 251 - 255 slots

Rv 1 2 ... ... ... ... ... ...

1 2 3 4

4 minislots per request slot

Figure1. Frame structure f or the 9.045 M bps channel.

Two - state N - state

P0 0.0000446

P1 0.100324

P2 0.164083

P3 0.149606

P4 0.526316

P5 0.000000

Pr (Good state) 0 .99995 0.99995

Pr (Good - Bad) 0.0000235 0.0000446

Pr (Bad - Good) 0.46945 0.8924

Table1. Channel error models´ parameters.

Number of Video users Number of request slots Probability p*

6 1 0.0072

5 1 0.03

4 2 0.06

3 2 0.085

2 3 0.128

1 4 0.18

0 5 1

Table2. Adjustable voice request bandw idth depending on the number of video users, and

allocation probability f or voice users.

2 - state error model N - state error model

No preemption Preemption No preemption Preemption

� NV EDmD( ms)

NV EDmD(ms

)

NV EDmD

(ms)

NV EDmD(ms)

0.01 235 2002.47 247 2436.95 235 1946.36 248 2371.22

0.05 214 1370.18 227 1864.26 215 1488.61 229 2009.64

0.1 194 1402.36 206 1923.90 195 1438.04 208 1978.92

0.15 17 8 1439.45 189 1912.68 180 1377.93 191 1964.37

0.2 165 1415.36 176 1877.19 167 1364.82 178 1953.56

0.25 151 1329.94 161 1950.82 153 1325.53 164 2049.72

0.3 138 1356.27 148 1994.30 142 1417.71 152 1946.35

0.35 130 1296.54 139 2012.80 134 1386.80 143 1976 .39

0.4 121 1423.83 131 1970.45 124 1401.68 135 2075.29

Table 3. Data M essage Delay and M aximum Voice Capacity f or 3 video users and set data message arrival rate.

Figure2. 2 - state error model, no preemption.

Figure3. N - state error model, w i th preemption.

� � �

� � � �

� � � �

� � � � �

� � � � �

� � � � � � � � �

� � � � � �

� � �

�

�P H V V D J H V �I U D P H �

� XV H UV

� XV H U

� XV H UV

� XV H UV

� �

� �

� �

� �

� �

� �

� �

� �

�

� P H V V DJH V �IUDP H �

�WKURXJKSXW

�XV HU V

�XV HU

�XV HU V

�XV HU V