Integration in TDMA-Based Advanced Mobile Systems --

ACM Mobile Networks and Applications, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 1 of 38A Contention/Reservation Access Protocol for Speech and DataIntegration in TDMA-Based Advanced Mobile SystemsGiuseppe Anastasi*, Davide Grillo**, Luciano Lenzini*, and Enzo Mingozzi** Dept. of Information Engineering, University of Pisa, Via Diotisalvi 2, I-56126 Pisa (Italy)** Fondazione Ugo Bordoni, Via Baldassarre Castiglione, 59, I-00142, Roma (Italy)Abstract. The performance of third generation mobile systems is greatly influenced by themultiple access protocols used in the radio access system. The paper introduces a multiple accessprotocol, SIR (Service Integration for Radio Access), which has the potential for accommodating therequirements of speech and bursty data traffic in an efficient way. SIR is evolved from an accessprotocol (PRMA++) studied within the framework of the TDMA-based version of the Europeanevolving standard for third generation mobile systems. In particular, SIR uses the same framestructure and in-band signalling but introduces a contention-free handling of data bandwidth requestswhile meeting speech service requirements via basic PRMA++ mechanisms.1. IntroductionOne key requirement on the radio access designof advanced, third generation mobile systems isthe ability to accommodate a variety of servicetypes via flexible and efficient multiple accessprotocols. For TDMA-based systems, PRMA, [1],and more recently PRMA++, [2], access protocolshave been proposed. The latter has been studied inthe framework of the ATDMA-based version ofUMTS (Universal Mobile TelecommunicationSystem), [3], the European developing standardfor third generation mobile systems. In particular,aspects related to bandwidth allocation andmanagement - as opposed to bandwidth requesthandling - need close examination to ensure bothefficient use of available spectrum and meeting ofquality requirements. These requirements relate tothe diverse components of the traffic mix resultingfrom the service integration scenario envisagedfor advanced mobile systems. While theperformance of PRMA and PRMA++ has beenanalyzed mainly for speech traffic, e. g. [4] - [5],relatively less effort has been devoted to theirassessment for mixtures of speech and data, e. g.[6] - [7]. With PRMA, information packetscontend for bandwidth request/allocationaccording to a slotted ALOHA mechanism.Depending on the service type, allocatedbandwidth may be retained until no longer neededor contention may occur on a packet-by-packet

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 2 of 26basis. With PRMA++, contention is restricted topackets dedicated to notify the need forbandwidth, so-called "reservation" packets; oncerequests have been notified, bandwidth is centrallyallocated at the base station. These protocols areapt to exploit the bursty nature of "interactive"applications such as speech (statisticalmultiplexing), but could also be used so as todegenerate to "circuit-switching" mode - in thelatter case discontinuous transmission would stillbe used for reducing co-channel interference. Inaddition to speech, other applications could inprinciple profitably be handled according tostatistical multiplexing. However, this should notbe at the cost of excessive request activity whichwould result in inefficient use of bandwidth andoutweigh the PRMA(++) advantage.Operation stability problems and inefficient useof bandwidth resulting from a straightforward useof PRMA++ for a mixture of speech and aparticular type of data applications (Telnet, [8])have been shown in [9] for a macrocellenvironment. To overcome these shortcomings, anew access scheme, SIR (Service Integration forRadio Access), evolved from PRMA++ has beenintroduced, [9]. This evolution consists essentiallyin adopting the PRMA++ (access contention)protocol for speech and a Round-Robin algorithmfor collecting bandwidth requests of the dataconnections. Backlogged data workload is thencarried by using both dedicated bandwidth andbandwidth left over by speech traffic, giving dataconnections a chance to transmit according to aRound-Robin algorithm. This enables contention-free and flexible use of (reserved) bandwidth foraccommodating data traffic demand whileensuring guaranteed bandwidth to speechapplications. The SIR access mechanism adoptsthe same frame structure as PRMA++, inparticular it uses the same in-band signalling forreservation, acknowledgement and fast pagingtasks. In this sense, SIR is compatible with suchradio transmission techniques as the onesproposed for the TDMA-based UMTS.This paper extends the analysis in [9] to amicrocell environment and provides a firm basisfor assessing the traffic performance of SIR. Thisis achieved by exercising the protocol under awide range of operation and workload conditions.Since stable operation of PRMA++ is aprerequisite for sensible assessment of SIR,particular emphasis is given in the paper to theidentification of the stable operating region and itsdependency on the retransmission activity as ameans for resolving contention situations. Thisfills a gap in previous analysis on PRMA++.In presenting the SIR access protocol, the paperfocuses on transmission of user information frommobiles to the base station and the related in-bandsignalling on both up- and downlink. It does notconsider user information transmitted in thereverse direction. Moreover, the paper considersthose aspects which are key from a trafficperformance perspective. Technical aspectsrelated to monitoring/restoration of the channelquality which have a bearing on theimplementation of a radio access protocol such asinterleaving, error recovery, power control, etc.are beyond the scope of the paper.The rest of the paper is organized as follows.Section 2 briefly recalls the essential aspects ofPRMA++ from a traffic performance point ofview and highlights issues related to stable systemoperation when handling speech traffic. Section 3gives a detailed description of SIR access

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 3 of 26protocol. Section 4 analyzes the performance ofSIR for a basic scenario and a range ofcombinations of operating parameters; theanalysis is then extended to variations of the basicscenario chosen so as to test the sensitivity of theaccess protocol to different offered loadcharacterization and apportionment of bandwidthfor speech and data. Finally, section 5 draws someconclusions.2. PRMA++ Speech Performance andOperation StabilityAs anticipated, PRMA++ is based on adistinction between reservation and user data slotsin a TDMA frame. The former are used by themobiles to notify the base station about bandwidthneeds, the latter are used for conveying(contention-free) information from the mobiles.The distinction between reservation and trafficslots was first introduced in [10], whereas adescription of the PRMA++ protocol is found in[2] and [5].2.1 PRMA++ Basic MechanismsThe PRMA++ physical frame structure isshown in Fig. 1. Uplink and downlink frames aresynchronized. The slots on the uplink areseparated into reservation slots (R-slots) and userinformation slots (I-slots). Access contention isconfined to R-slots only, which are dedicated tocontrol packets used for call set-up, handoverprocedures and for bandwidth reservation. I-slotsare used for collision-free transmission ofinformation packets. Likewise, the slots on thedownlink are separated into acknowledgementslots (A-slots), paired with uplink R-slots, andinformation slots (I-slots), for downlinkinformation transmission.

FPAckIIIIIII

Up-linkFPAA

Down-link

Key:R: ReservationI: InformationA: AcknowledgementAIIR

FP: Fast PagingFP Ack: Fast Paging AckRRFig. 1. PRMA++ frame structure (keyelements).Contention vicissitudes on R-slots are notifiedto mobiles through acknowledgements ondownlink A-slots. Furthermore, since allocation isperformed for downlink I-slots too, mobiles areinformed about which downlink channel theyhave to listen to via special fast paging slots (FP-slots), paired with fast paging acknowledgementslots on the uplink (FP/Ack slots).In order to gain a reservation for one or more I-slot on the uplink channel, a mobile has totransmit a request to the base station by means ofthe reservation channels. If the request inunsuccessful because of collision with otherrequests, then the request is re-attempted on thenext available R-slot with probability p,"permission probability". Once such atransmission is successful, an I-slot allocationprocess is initiated.If the number of requested slots is notavailable, the mobile is informed by the basestation via an A-slot, either to wait untilbandwidth is available or to reduce the bandwidthdemand according to some service dependentpolicy. If the (re-negotiated) request can besatisfied, the base station allocates the slots

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 4 of 26required, and the allocation process terminates,otherwise requests are queued at the base station.One of the distinguishing features of PRMA++ isthe central role played by the base station inmanaging bandwidth resources. While waiting forbandwidth to become available, excessive delaymay be incurred in. In the case of speech, this maylead to packet dropping at the source since toolong delayed packets would negatively affect timeintegrity of signal reconstruction at the sink.Performance analysis of PRMA++ as used forspeech service, see [5] for example, has beenfocusing on the maximum number of speechconnections that can share radio channels whilemeeting a target dropping probability, Pdrop,consistent with speech quality objectives, e. g.Pdrop < .01.2.2 Stability of Operation for Speech ServiceWhile retransmission of collided requestshelps in recovering from momentary congestionsituations, it is clear that to ensure stable operationand meet service requirements the PRMA++operation parameters can not be set independently.In fact, mismatch among operation parametersmay run PRMA++ into instability, i. e. reservationchannels become congested due to excessivecollisions and retransmission activity, whileinformation channels tend to be idle sincebandwidth can not be allocated to mobile stations.In [9] stability problems and protocol inefficiencyfor a use of PRMA++ in the case of speech anddata (Telnet) traffic have been identified.Nevertheless, in the literature on PRMA++performance, little attention has been given to theidentification of a stable operation region.For a given frame structure, the stability regionfor PRMA++ depends on both the permissionprobability and the number of R-slots. Given theinadequacy of the simulation analysis for studyingproblems related to system stability, we defined aPRMA++ model for speech traffic1 and solved it(see Appendix) by using the Equilibrium PointAnalysis (EPA) [11] method. Basing on thismodel and the operation parameters of Table 1,results useful for identifying the stability regionare given in Fig. 2.Table 1 . Operation parameters for the SIRprotocol.Slots per frame72

R-slots2 - 16

I-slots55 - 69

FP-Ack slots1

Talkspurt Mean Length1 s

Silence Mean Length1.35 s

Packet Dropping Delay Thres.10 ms

Permission probability0.1 - 0.35

Carrier Bitrate1.8 Mbit/s

0.1 0.2 0.3 0.4 0.5 Permission Probability 0

50

100

150

200

Number of Open Speech Connection

N_R=2 N_R=3 N_R=4 N_R=6 N_R=8 N_R=12 N_R=16

Fig. 2. Stability boundaries for PRMA++speech operation.Although the actual results apply to amicrocell environment, the indications theyconvey have general validity. Fig. 2 shows the

1Speech sources are modelled according to [12].

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 5 of 26region of stable operation for PRMA++ (the areabelow each curve) as a function of the number ofR-slots (N_R) when speech is the only service.The region boundary is identified as the maximumnumber of speech connections that can besupported for any given value of p.From Fig. 2 it is realized that by increasing thenumber of R-slots, the maximum number ofsources still enabling the system to operate in astable region increases, although not linearly withthe number of R-slots. The figure also indicatesthat there is an inverse relationship between thenumber of allowed sources and the permissionprobability, i. e. the higher the number of speechconnections the lower the upper bound of therange for the permission probability. While Fig. 2delimits the stability region, it does not provideindication about the system performance oroptimal setting of operation parameters. In [5] it isshown (via simulation analysis) that from thepacket dropping probability point of view, four R-slots is the optimal choice. Furthermore, oursimulation analysis has indicated that Pdrop ispractically insensitive to p provided the systemoperates in the stability region since in that casethe probability of a request collision is generallyvery low. In other words, the operation ofPRMA++ is not critically dependent on the valueof the permission probability provided this isconfined to the allowed range.In particular, when the other operationparameters are as indicated in Table 1, setting thenumber of R-slots to 4 (and the number of I-slotsto 67), the maximum number of speech sourcescorresponding to Pdrop = .01 is 145. Entering Fig.2 with this number of sources, the maximumallowed value for p slightly exceeds .1. Based onthese considerations, we chose to assumethroughout the paper p = .1 and four R-slots asoperation parameters for speech handling.3. The SIR Access Protocol3.1 Protocol RationaleIn previous studies, [12]-[14], on theintegration of voice and data with PRMA, voiceand data connections contend for all the free slots.Whether data connections contend on a packetbasis ([12],[14]) or they obtain reservedbandwidth for a burst transmission ([13]), a majordisadvantage of these schemes is that voice trafficperformance is conditioned by the data trafficload. More recently, a solution to this problem hasbeen proposed in [15] by associating voice anddata transmission with distinct bandwidth regions,while the boundary between the regions isdynamically varied according to an optimizationalgorithm. However, no protocol is explicitlydefined for data transmission. In [16], a voice/datachannel access protocol has been proposedwhereby data traffic is transparent to speechconnections and does not affect speech trafficperformance. The paper defines a hybridreservation protocol for data traffic: although acollision-free reservation scheme is proposed, arandom access component is preserved to enhancesystem performance at low loads. Bandwidthreservation for data traffic is performed byallocating a fixed number of slots (possibly morethan one) to each data connection on a framebasis.As currently defined, PRMA++ leaves amplefreedom as to how allocate radio resources whenhandling mixtures of speech and data. In [9] theperformance of PRMA++ is analyzed for a mix ofspeech and Telnet data traffic. In the reference,

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 6 of 26the PRMA++ operation initially assumed is that I-slots would be rigidly partitioned into slotsreserved to speech and slots reserved to data,whereas R-slots would indifferently be used forspeech and data. While I-slots would beassociated with speech connections for the wholeduration of a burst (according to canonicalPRMA++ prescriptions), data connections withpackets to be transmitted would be served bymaking use of the dedicated I-slots in a Round-Robin fashion. The reasons for poor performanceof the proposed use of PRMA++ are essentially: i)equitable handling of speech and data bandwidthrequests; ii) inefficient use of bandwidthconsumed in attempting to notify frequentrequests associated with data traffic and resolveincurred collisions. Moreover, use of commonsignalling channels for speech and data bandwidthrequests exacerbates poor performance.The above results do not challenge PRMA++as such, but rather its straightforward use foraccommodating mixtures of speech and data.PRMA++ remains an efficient and flexiblemechanism for accommodating speech trafficrequirements and candidates as an essentialcomponent of an evolved protocol for handlingintegrated speech and data applications.Based on the above considerations, a protocolevolved from PRMA++ is proposed. The newprotocol, SIR, tries to combat the mentioneddeficiencies by:-segregating reservation channels for speechand data;-enforcing a scheduled (Round-Robin) accessto data signalling channels;-servicing data connections in a Round-Robinfashion by allocating bandwidth not currentlyused by speech, on top of a minimum(possibly zero) guaranteed bandwidth.The details of SIR access protocol are given inthe following.3.2 Frame FormatSIR adopts the PRMA++ physical structure.However, in order to accommodate speech anddata, SIR introduces a further classification ofslots on the uplink. Specifically, the total number,N, of slots in a frame is partitioned into two sets.The first set has N_V slots which are allocated tospeech, the other set has N_D = N-N_V slotswhich are for exclusive use of data. Similarly aswith PRMA++, the N_V-slots are organized intoinformation (VI-slots) and reservation (VR-slots)slots and are used in a similar fashion. (VR-slotsare also used for connection set-up, both speechand data, and handover handling). The N_D-slotsare also organized into information (DI-slots) andreservation (DR-slots) slots. In addition, data canuse VI-slots momentarily not used for speechtransmission. As opposed to VR-slots which areaccessed on a contention basis, DR-slots areaccessed according to a Round-Robin algorithmand are thus contention-free. Moreover, also DI-slots (plus momentarily unused VI-slots) areaccessed on a Round-Robin basis, although with adifferent pace as explained in the followingSection.Slots unused by speech and available to dataare notified on the downlink in a dedicated slot atthe start of each frame by means of an allocationbit pattern. The bits in the allocation pattern are ina one-to-one correspondence with the slots in theframe, i. e. the value (0/1) of each bit representsthe status (used/unused) of the associated slot. An

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 7 of 26example of the SIR frame structure is shown inFig. 4. Table 2 summarizes the use of slots in theSIR protocol.

VI VI VI VR VI VI VI DR VI VI DI DI_{Ack}FP

AP A A A FP

Speech Reservation

Data Reservation Data Information

Down-link

Speech Information A: AP: FP: FP-Ack:

Acknowledgement Allocation Pattern Fast Paging Fast Paging Ack

Key: VR: VI: DR: DI:

VR Up-link

Fig. 3. SIR frame structure and slot types.Table 2. Use of slots with the SIR protocol.SIR phaseSpeechData

Connectionset-upVR-slots,accesscontentionVR-slots,accesscontention

BandwidthrequestnotificationVR-slots,accesscontentionDR-slots,contention free(Round-Robin)

TransmissionVI-slots,contentionfreeDedicated DI-slots, if any,plus unusedVI-slots,contention free(Round-Robin)

3.3 Protocol DescriptionThe concepts of "open connection" and "activeconnection" are recurrently used in the followingdescription. An open connection is a connectionset-up between a mobile terminal and the basestation for the exchange of user data. During thetime an open connection is maintained, trafficsources alternate "activity" and "silence" periods.When workload resulting from activity periodshas to be transmitted (from the mobile to thebase), a connection is said to be active.3.3.1 Data Connection Set-Up and Tear-DownPhasesMobile originated speech and data connectionsuse the same set-up procedures. In particular fordata, contention access with retransmission isperformed in VR-slots to transmit a requestcontrol packet for connection set-up. Oncesuccessful, the request control packet isacknowledged by the base station, in the A-slotspaired with VR-slots, with another control packetcontaining:-an identifier, say {i}, assigned to the dataconnection just opened, which is uniquewithin the cell controlled by the base station;-the value of a variable indicating the numberof open data connections (NOC). Note that thevalue of NOC includes the data connectionjust opened and is broadcast by the basestation.Mobile initiated tear-down is performedthrough the transmission of a control packet to thebase station in reserved DR-slots (see below).Upon receiving this control packet, the basestation updates NOC whose use by each station isdescribed in detail in Section 3.3.3.1 on RequestAlgorithm.

3.3.2 Data Bandwidth ReservationSince speech is handled according to PRMA++and data handling will not affect speech traffic,the description of user information transport willfocus on data only. Upon arriving at station {i} 2, a

2The same identifier {i} is used to address a mobile orthe connection associated with it.

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 8 of 26message is segmented into packets, the size ofwhich fits the payload transmitted in one slot.Packets then join a local queue, L_Q(i), which isleft when packets are scheduled for transmissionafter station {i} receives authorization from thebase station. To obtain this authorization a stationexecutes the Request algorithm which basicallyconsists in sending to the base station a controlpacket (using a DR-slot) carrying the number ofpackets waiting in the local queue. The stationthen waits for a control packet from the base (inthe A-slot paired with the DR-slot) informing onthe current number of active connections, NAC.At the end of this information exchange the opendata connection becomes active and remains suchuntil the last authorized packet has beentransmitted. When this occurs, the data connectionbecomes inactive if the local queue is empty,otherwise another request procedure isimmediately initiated.When a data connection becomes active, itshares DI-slots (plus momentarily unused VI-slots) with all the other active data connections.To achieve this, all the stations execute theTransmission algorithm which makes use of NAC.The number of active data connections maychange at the end of each slot since an openconnection may become active or an activeconnection may become inactive. For this reason,a variable local to each station, denoted by Q, isinitialized to the NAC value when the dataconnection becomes active, and it is updated tokeep track of the changes before the beginning ofthe subsequent slots on the basis of informationbroadcast by the base station.The NOC data connections are then partitionedinto two sets, one including the Q activeconnections, and the other containing the NOC-Qinactive connections.To simplify the protocol description, weassume that each mobile is associated with onlyone (speech or data) connection.3.3.3 User Information TransportThe processes associated with informationtransport are: i) a periodic scan of the open dataconnections to collect bandwidth requests(Request algorithm); ii) allocation of the availablebandwidth to meet the collected requests(Transmission algorithm). By design, bothprocesses are managed so as to avoid contentionand are implemented in a distributed fashion.With the Request algorithm, DR-slots arecyclically offered for dedicated use to each of theopen data connections for collecting theaccumulated bandwidth request since lastnotification. With the Transmission algorithm, DI-slots are used cyclically by the active dataconnections: i.e., one DI-slot is offered for use toeach of the active data connections for packettransmission.To access DR-slots, station{i}, maintains acounter, denoted DR_POS(i), which is initializedto the NOC value at the time the data connectionis opened. This counter is decreased by one everytime station{i} observes a DR-slot. WhenDR_POS(i) reaches the value of one, the next DR-slot can be used by station{i} for transmission.After completion of transmission DR_POS(i) isinitialized again to the current NOC value. Thisprocess is repeatedly executed during the time aconnection remains open.Depending on the current value of NOC andthe number of DR-slots in a frame, a completescan of all open data connections may take one or

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 9 of 26more frames. Clearly, the price paid forcontention-free request collection is that not allDR-slots will necessarily be used at each scan,and the trade-off between bandwidth utilizationand timeliness in identifying bandwidth requestsis an operation decision.With the Transmission algorithm, the DI-slots(plus those VI-slots not currently utilized byspeech) are offered for use of active dataconnections. These slots, denoted as D-slots forconciseness’ sake in the following, are allocatedin a cyclic fashion, with one D-slot associatedwith each active data connection. Specifically,when the open connection at station{i} becomesactive, station{i} updates a counter, T_POS(i), tothe Q value. This counter is decreased by oneevery time station{i} observes a D-slot (allstations observe D-slots at the same time). WhenT-POS(i) reaches the value of one, the next D-slotcan be used by station{i} for packet transmission.After completion of transmission T-POS(i) isinitialized again to NAC value. This process isrepeatedly executed during the time a connectionremains active.The Transmission algorithm is transparent tothe frame begin/end demarcation, and basicallyallows to use any residual capacity.

The key parameters for SIR operation aresummarized in Table 3. The technicalities of theRequest and Transmission algorithms areillustrated in the following.Table 3 - Key parameters for SIR operation.NOCNumber of open connections

NACNumber of active connections

QNumber of active connections, i.e. with at least one packet in thetransmission buffer

R_BKGNumber of packets in the requestbuffer

T_BKGNumber of packets in thetransmission buffer

DR_POSCounter for controllingtransmission of requests for databandwidth on DR-slots

T_POSCounter for controllingtransmission of data packets onreserved bandwidth, DI- or VI-slots

3.3.3.1 Request AlgorithmThis algorithm is executed by those stationswhich have an open data connection any time theyobserve a DR-slot. The total number of packetscontained in Q_L(i) will be denoted byR_BKG(i). The Request Algorithm is depicted inFig. 4.Depending on whether R_BKG(i)=0 orR_BKG(i)>0, mobile{i} can be in theWait_DR_Idle or W a i t _ D R _ A c t i v e staterespectively. While in these states, station{i}looks for DR-slots. The counter DR_POS(i) isdecreased by one, whenever a DR-slot is observed(Transitions 1 and 5). When the value ofDR_POS(i) is one, mobile{i} has the right toaccess the DR-slot, and two different actions canbe taken depending on the value of R_BKG(i). IfR_BKG=0 (Transition 2) mobile{i} moves to theWait_A_Idle state and then, when the A-slotpaired with the DR-slot is observed on thedownlink, it updates the DR_POS(i) counter(Transition 3) by using the value of NOC notifiedby the base station. If, on the other hand,R_BKG>0 (Transition 6), mobile(i) transmits into

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 10 of 26the DR-slot the REQ(i,n) control packet, where{i} is the station (or connection) identifier andn=R_BKG(i) is the backlog of the local queue atthis time. ← DR_POS(i) NOC

DR_POS(i) ← DR_POS(i)-1

DR_POS(i) ← DR_POS(i)-1

Idle

Wait DR Idle

Wait A

Active

Wait A

Wait DR Active

Q←NAC

DR_POS(i)

←NOC

Q←Q +δT_BKG(i)

←T_BKG(i)+R_BKG(i)

REQ(i,n)

(1) (3)

(4)

(5)

(7)

(2)

R_BKG>0

Down_Slot=A

Down_Slot=A

Up_Slot=DR & DR_POS(i)>1

Up_Slot=DR & DR_POS(i)=1

Up_Slot=DR & DR_POS(i)>1

(6) Up_Slot=DR & DR_POS(i)=1

n← R_BKG(i) Transmit

Fig. 4. SIR bandwidth request algorithm.After transmission of REQ(i,n) , mobile{i}moves to the Wait_A_Active state. While in thisstate, mobile{i} waits for the paired A-slot on thedownlink. Upon its arrival (Transition 7),station{i} performs the following actions:- initializes the DR_POS(i) counter to the NOCvalue (the same as Transition 3);-moves R_BKG(i) packets from the head of thelocal queue into another queue, namedtransmission queue, in which there may beother packets ready for transmission (i.e., forwhich D-slots were previously requested);-initializes the local variable Q with the NACvalue passed by the base station correspondingto the Number of Active Connections at thebeginning of the A-slot.-updates the value of Q by adding the NACvariations (d) occurred during the A-slot (seebelow).Station{i} is now back to the Wait_DR_Idlestate, from which it departs instantaneously(Transition 4) if any messages had arrived(R_BKG>0) when the station was waiting for theACK in the Wait_A_Active state. Otherwise,station{i} remains Wait_DR_Idle until the nextmessage arrives.The number of packets contained in thetransmission queue of station{i} is denoted asT_BKG(i), i. e. a connection is active ifT_BKG(i)>0). The difference between R_BKG(i)and T_BKG(i) is that the former represents thenumber of packets queued at the local queue butstill unknown to base station, while the latterindicates the packets notified to the base stationvia the Request algorithm and hence ready fortransmission (see Transmission Algorithm).3.3.3.2 Transmission AlgorithmThis algorithm is executed by those stationswhich have an active data connection any timethey observe a D-slot. The purpose of the DataTransmission Algorithm (Fig. 5) is to allocate D-slots to active connections in a contention freemanner. To achieve this result, station{i} utilizesthe T_POS(i) counter and the local variable Q.As explained in the preceding section, Q is set bystation {i} when it receives the NAC value in theA-slot paired with the DR-slot in which theREQ(i,n) was made. However, to keep with thechanges of NAC following the bandwidth usagevicissitudes of the open connections, the basestation also broadcasts the single variation, d(d=+1, 0, -1), in the number of activeconnections3. The value of d is embedded in each

3Specifically, d=+1 if an open connection becomesactive (which can occur at the end of an A-slot carryingthe request grant), d=0 if NAC remains unchanged, and

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 11 of 26slot in the downlink. Upon sensing d in one slot, amobile updates the value of Q before thebeginning of the next slot. The counter T_POS(i)is decreased by one, whenever a D-slot isobserved. When the value of T_POS(i) becomesone, mobile{i} has the right to transmit one datapacket. Subsequently, if T_BKG(i)>0, T_POS(i)is reinitialized to the current number of activeconnections maintained by the variable Q.

Up_slot=D & T_POS(i)=1 & T_BKG(i)=1

Q ← Q + δ

Up_slot=D & T_POS(i)=1 & T_BKG(i)>1 Transmit Packet Q ← ← Q + δ T_POS(i) ← Q

T_BKG(i) - 1

T_BKG(i)

Up_slot ≠ D ← T_POS(i)

(5)

Up_slot=D & T_POS(i)>1

T_POS(i) ← Q ← Q + δ

T_POS(i) - 1

Active (3)

(2) (4) Q T_BKG>0 (1) Inactive

Transmit Packet

Fig. 5. SIR data transmission algorithm.The Transmission Algorithm works as follows.When the open connection at station{i} becomesactive (T_BKG(i)>0) mobile{i} updates T_POS(i)to the Q value and then it moves from theInactive state to the Active state (Transition 1).While in the Active state, station{i} monitors theslots in the Uplink frame, and takes one of thefollowing action depending on the slot type:-if not a D-slot, only the value of Q is updated(Transition 2);-if a D-slot, but it is not yet the station’ s turn totransmit (T_POS(i)>1), Q and T_POS(i) areupdated (Transition 3);-if a D-slot, and it is the station’ s turn(T_POS(i)=1) and, furthermore, there is morethan one packet in the transmission queue d=-1 if an active connection transmits the last packet inthe transmission queue (which can occur at the end ofany D-slot).waiting for transmission (T_BKG(i)>1), then:i) one packet is transmitted; ii) T_BKG(i) isdecreased by one; iii) Q is updated; and iv)T_POS(i) is re-initialized to the current valueof Q (Transition 4).In the above three transitions the state of theconnection remains the same. If, on the otherhand, a D-slot is observed and it is the station’ sturn to transmit (T_POS(i)=1) but there is onlyone packet waiting in the transmission queue(T_BKG(i)=1), then this packet is transmitted(Transition 5), T_POS(i) and T_BKG(i) are resetto zero, and the connection state switches toInactive.3.3.4 Variants for accommodating traffic mixesExtensions/variations of SIR could beintroduced in order to enhance the capacity of theprotocol to accommodate the variety of servicerequirements resulting from handling complexmixtures of applications (e. g. speech, and classesof data and video with different quality of servicetargets) envisaged for advanced mobile systems.A few examples are given in the following.Priority based request acknowledgementcontrolThe base station could delay theacknowledgement to some REQ(i,n) basing on apriority indicator carried in the request packets.This would reduce the number of activeconnections, hence reducing the length of theRound Robin transmission cycle. Activeconnections characterized by a higher prioritywould then be favoured in getting bandwidthallocated.

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 12 of 26Hybrid slot allocationData (or video) applications with bandwidthconstraints could be accommodated by a hybridslot allocation, i. e. some of the slots reserved fordata transmission could be allocated to the dataconnections on a circuit switching basis, so as toguarantee a minimum bandwidth, whereasadditional bandwidth could then be obtained viathe SIR allocation mechanisms. Obviously, thiswould imply that the definition of SIR bandwidthallocation procedures at call set-up had to berevisited.In order to investigate the potential of SIR, theanalysis of the protocol is performed in thefollowing with reference to the basic SIRcapabilities described above.4 Performance Analysis4.1 Data Traffic CharacteristicsWhile there are satisfactory models, e. g. [17],to represent the packet arrival process of a speechsource (i.e., to model the behaviour of a speechactivity detector), for a variety of data applications(e.g., file transfer, database interrogation, etc.) anequally satisfactory modelling is not easilyavailable. Furthermore, a number of studies haveshown that in a LAN/WAN environment thepacket inter-arrival times of the aggregate trafficclearly differ from exponential [18], [8], [19]. Onthe other hand, a sound assessment of multipleaccess schemes for supporting the ongoingstandardization activity on advanced mobilesystems, [20], [21], needs to be based on realistictraffic characterization and scenarios.In order to evaluate the SIR capability tohandle a mixture of speech and data traffic, wechose to load the system with data trafficgenerated by interactive applications (e.g., remoteterminal access to a data base and remote log-in).Our decision was motivated by: i) the expectedimportance of these applications in future mobilesystems; ii) the packet arrival burstiness inherentto these applications representing severe operationconditions capable of giving conservativeindications on SIR performance.The analytic traffic model underlying ourstudy, [8], fits wide-area TCP live traffic traces ofinteractive Telnet applications. Although theoperation environment for this model is differentfrom the context of mobile systems, it capturesaspects of general validity for the user behaviorassociated with interactive data applications.A complete model for Telnet traffic wouldinclude distributions for session inter-arrivals,message inter-arrivals within a session andmessage size (in packets). However, the time scaleover which session arrivals are normally observedis largely beyond the time horizon of interest forthe performance study of the SIR protocol. Wetherefore do not consider the session inter-arrivalprocess and exercise the protocol with a fixednumber of established speech and dataconnections. Further, we initially assume thatmessages associated with each session convey justone byte of user data, corresponding to akeystroke. Considering the overhead involved byformatting and coding, this translates into a few(and constant number of) packets. Thisassumption will then be relaxed, and messages ofincreased length will be considered.

G. Anastasi, D. Grillo, L. Lenzini, and E. Mingozzi / A Contention/Reservation Access Protocol for Speech and Data

Integration in TDMA-Based Advanced Mobile Systems --

To appear in ACM Wireless Networks, Special Issue on "Channel Access in Wireless Networks"

Final Versionpag. 13 of 26Following [8], message inter-arrival times aredistributed according to a Pareto distribution withparameters

α

and

k

:

P T ≤ t { } =1− kt ^α k,α ≥ 0

,

t ≥ k

The parameters in this model are k=0.1 s anda=0.85 up to the 97th percentile, while for theupper 3% tail the parameters are k=0.15 s anda=0.95. If a £ 2, the distribution has an infinitevariance, while if a£1 the mean is infinite as well.Hence, the distribution above is heavy tailed, withinfinite variance and mean4. This mathematicalproperty accounts for the burstiness of the arrivalprocess causing intense reservation bandwidthactivity over signalling channels.4.2 Performance MetricsThe main difficulty for the analysis of the SIRprotocol via analytical models is the high degreeof complexity and interdependence of the variousprocesses that involved in the protocol operation.Therefore, to evaluate the performances of theprotocol we designed an ad hoc simulator andimplemented it in C++ language.Although data integrity is a key requirement fordata transmission, we assume an error free radiochannel despite the fact that we are dealing with avery unreliable environment. This is because inthe present paper we are focusing on multipleaccess aspects of SIR as measured by the accessdelay experienced by messages transmitted overdata connections. The message transport delay isdefined as the time elapsed from messageavailable at the source site to successful

4A distribution is said to be heavy-tailed if

P T t t ≥ ∝ { } − α

for

t → ∞

,

α ≥ 0

.transmission of the last packet of the message.Three major components of the transport delayare:-reservation delay,: time elapsed fromcomplete message available at the source siteto bandwidth request acknowledgementreceived at the source on the A-slot paired tothe DR-slot in which the request was made;-queuing delay: time elapsed from bandwidthrequest acknowledgement to starttransmission of the first packet of themessage; and-transmission delay: time elapsed from starttransmission of the first packet of a messageto completion of transmission of the lastpacket of the same messageFig. 6 shows the breakdown of the messagetransport delay._{TimeReservationDelay QueueingDelay TransmissionDelayDR}Req Ack_{DA D D}Pck 1of n Pck 2of n Pck nof n_{Message}

Each component accounts for a particularaspect of the SIR access protocol: reservationdelay is a function of the number of DR-slots andthe number of open data connections; queuingdelay is a function of the single data connectionoffered load and of the number of activeconnections, while transmission delay is afunction of the number of active connections and

4.3 Operation Parameter Setting and

The system parameters for a microcellularenvironment are inspired from [5], hence thetransmission rate is 1.8 Mbit/s and each SIR frameis 5 ms long. Assuming a 13 kbit/s gross bit ratefor digitized speech sources, 65 payload bits areneeded for each packet transmitted in a slot.Accounting for 59 overhead bits, it follows thateach frame has 72 slots. Further, it is assumed that

The performance of SIR has been analyzed forvarious values of N_D

= 8, 7, ..., 4),adjusting the number of slots reserved for speechtransmission accordingly (i.e., N_V = 72 - N_D

As explained in Section 2, for each setting of

- by given N_VR , i. e. 4 - it is required that thestability region be identified, i. e. the limitingcombinations between the maximum number ofspeech connections and p be determined. As asecond step, for a choice of

(.1) consistent withstable system operation for a range of speechconnections the behaviour of Pdrop is analyzedand the number of speech connections for which

= .01 determined. Results related to thissecond step are shown in Fig. 7 which is then thebasis for the calibrating the number of the speechconnections to the actual values of N_D in all

120 130 140 150 Number of open voice connections

0.01

0.1

1

10

Packet Dropping Probability (%)

N_D=2 N_D=3 N_D=4 N_D=5 N_D=6 N_D=7 N_D=8

Fig. 7.

vs the number of speech

Due to the statistical characteristics of speech"activity" and "silence" periods, a fraction of VI-slots remains unused (on the average). This"unused" capacity could be exploited by datatraffic with relaxed delay constraints. Table 4shows the average number of slots left unused(E{VI free slots}) by speech connections. As itcan be noted, the number of unused slots remains

Table 4. Maximum number of allowed speechconnectionsand average number of unused VI- Each N_D value defines a set of scenarios,each one characterized by the number of slotsallocated to data reservation (N_DR) and datatransmission (N_DI) , obviously, N_D = N_DR +

The methodology adopted to analyze theperformance of SIR in handling data is as follows.We assess SIR starting from a basic set.Variations are then introduced to estimate thesensitivity of SIR to different load and operatingconditions. Fig. 8 shows the relationship between

Fig. 8. Scenarios for SIR performance

For all experiments related to the scenariosshown in Fig. 8, the system is exercised for 150seconds (including 30 seconds warm-up). Themessage arrival rate per connection related to eachsimulation experiment is approximately .8

The transport delays for different scenarios inthe basic set as a function of the proportionbetween DR and DI slots

and varying number of

5Since the Pareto process has infinite mean andvariance, the arrival rate depends on the duration of the

0 100 200 300 400

Number of Open Data Connections

10

100

1000

10000

Transport Delay (ms)

N_DR=3 N_DI=5

N_DR=4 N_DI=4

N_DR=5 N_DI=3

N_DR=6 N_DI=2

N_DR=7 N_DI=1

N_DR=8 N_DI=0

(3,5) (4,4) (5,3) (6,2) (7,1) (8,0)

Scenarios (N_DR,N_DI)

10

100

1000

10000

Transport Delay (ms)

NOC=80

NOC=100

NOC=120

NOC=140

NOC=160

NOC=180

NOC=200

NOC=220

NOC=240

combination (N_DR, N_DI) for each number ofdata connection is indicated by Fig. 10. Hence, theoptimal transport delay performance in the basicscenario is obtained by operating the system asindicated by theca envelope of the curves in Fig.

Figures 11 to 14 highlight the influence of thedelay components to the transport delay for thescenario associated with the envelope curve. Fig.11 shows that the reservation delay grows linearlywith the number of open data connections.Furthermore, as expected, the higher N_DR

lower the reservation delay. In particular, thereservation delay decreases linearly with the

0 100 200 300 400 Number of Open Data Connections 0

100

200

300

400

Reservation Delay (ms)

N_DR=3 N_DI=5 N_DR=4 N_DI=4 N_DR=5 N_DI=3 N_DR=6 N_DI=2

Fig. 11. Reservation delay vs the number of

0 100 200 300 400 Number of Open Data Connections 0

1

10

100

1000

10000

Queueing Delay (ms)

N_DR=3 N_DI=5 N_DR=4 N_DI=4 N_DR=5 N_DI=3 N_DR=6 N_DI=2

Fig. 12. Queuing delay vs the number of open

0 100 200 300 400 Number of Open Data Connections 1

10

100

1000

Transmission Delay (ms)

N_DR=3 N_DI=5 N_DR=4 N_DI=4 N_DR=5 N_DI=3 N_DR=6 N_DI=2

Fig. 13. Transmission delay vs the number of if the interarrival time of each data source isdistributed according to Pareto, the aggregatemessage arrival process results in a Poisson

. Since the number of open dataconnections is kept constant throughout thesimulation, the interval between two consecutiveDR-slots assigned to a mobile increases linearlywith the number of open data connections. Hence,if the arrival instant of a message (independently

This is due to the well known results on the

of the connection it is related to) is uniformlydistributed between two consecutive DR-slots,then the delay to the next DR-slot grows linearlyas well. Hence, the reservation delay is exactlyhalf the time interval between two consecutive

Queuing (Fig. 12) and transmission delay (Fig.13) show the typical throughput-delay behaviour.Furthermore, it is worth noting that delay curvesdo not intersect each other, and queuing andtransmission delay increase with the reduction in

To summarize: i) reservation and �queuing plustransmission� delays exhibit opposite variationwith respect to N_DR, and there is an optimalvalue of N_DR which minimizes the transportdelay (see Fig. 14); ii) the transport delay dependson the number of data connections and itsoptimization is achieved by a suitable choice of

(3,5) (4,4) (5,3) (6,2) (7,1) (8,0)

Scenarios (N_DR,N_DI) 1

10

100

1000

Delay Components (ms)

Transport Delay Reservation Delay Queueing Delay Transmission Delay

Experiments in the set A are intended toanalyze the influence of the message interarrivaldistribution on the transport delay and itscomponents. Specifically, two additional types ofarrival processes are taken into consideration:Poisson and MMPP. In both cases the aggregatearrival rate related to any given number of dataconnections is the same as that generated underthe Telnet arrival process (i.e., approximately 0.8messages/s). The rationale behind the MMPPchoice is to investigate the influence of thecorrelation between successive message arrivalson the various delay measures. Two 2-MMPPprocesses are considered and Table 5 indicates therelated parameters. In both processes the arrivalrate

λ 2

in state 2 is assumed equal to zero andhence the processes alternate between activity andinactivity phases (see Fig. 15). However, theprocess MMPP2 exhibits a higher �burstiness�than MMPP1 since the ratio between the averageinactivity period

1 σ 1

and the average activityperiod

1 σ 2

for the former is twice than the σ 1σ 2

λ 1

λ 2

For all the considered arrival processes, thedelays for the various scenarios as a function ofthe number of open data connections exhibit thebehaviour similar to those for the basic scenario.Fig. 16 shows the envelope curves correspondingto the optimization of the transport delay for all

0.0 100.0 200.0 300.0 400.0

Number of Open Data Connections 10 100 1000 10000

Transport Delay (ms)

Telnet

Poisson

MMPP 1

MMPP 2 As it is apparent fro the figure, the envelopecurves are very close to each other for low loadswhile the Telnet envelope diverges from theothers at high loads. In order to explain, thisbehaviour, Figures 18 and 19 show respectivelythe queuing and transmission delay for an optimalchoice of the allocation parameters N_DR and

200 250 300 350 400

Number of Open Data Connections 1 10 100 1000 10000

Queueing Delay (ms)

Telnet

Poisson

MMPP 1

MMPP 2

200 250 300 350 400

Number of Open Data Connections 1 10 100 1000

Transmission Delay (ms)

Telnet

Poisson

MMPP 1

MMPP 2For the Poisson and MMPP arrival processes,Fig. 17 indicates that, over the whole range ofconsidered loads, the queuing delay decreaseswhen the burstiness decreases, while the oppositeis true for the transmission delay (Fig. 18). Thiscan be �intuitively� justified by observing that,when the burstiness decreases, the messagearrivals are more uniformly distributed betweenDR-slots. It could then be argued that in thecomposite arrival process associated with datatraffic sources, the number of request packets

REQ(i,n) increases while n (i.e., the number ofmessages per request) decreases and,consequently, the expected number of active dataconnections increases, too. The above reasoning isjustified by Fig. 19 and Fig. 20 showing,respectively, the average value of

and theaverage number of active data connections as a

200 250 300 350 400 Number of Open Data Connections 1

2

3

4

5

6

Messages per Request

Telnet Poisson MMPP 1 MMPP 2

Fig. 19: Average number of messages per

200 250 300 350 400 Number of Open Data Connections 1

10

100

Number of Active Data Connections

Telnet Poisson MMPP 1 MMPP 2

Fig. 20. Average number of active data

From the above considerations it can then be

the transmission delay increases and inaccordance with the Round Robin schedulingproperty of increasing transmission delay the buffer occupancy decreases (see Fig.21), since messages join the transmission queue

By combining together the opposite trendsrelated to queuing and transmission delays forMMPPs there is a sort of compensation and thisresults in a transport delay close to the delay

200 250 300 350 400 Number of Open Data Connections 0

1

10

100

Number of packets

Telnet Poisson MMPP 1 MMPP 2Fig. 21. Average queue length experienced by a

The above line of reasoning holds for Poissonand MMPPs. Since Pareto exhibits a burstinesswhich is in between Poisson and MMPP (see Fig.19), it would be reasonable to expect that, forPareto too, the transport delay would be close tothat associated with Poisson and MMPP.However, from Fig. 16, it clearly appears that thisis only valid for small to moderate offered loads,whereas for higher loads the transport delaydiverges remarkably from the Poisson and MMPPcases. This is mainly due to the queuing delaycomponent of the transport delay as shown in

Figures 17 and 18. In fact, with the Pareto arrivalprocess, a not negligible fraction of connectionsdo not transmit within the observation interval inthe scope of our experiments (because of theeffect of the heavy tail of the related distribution).This is not the case with the other arrivalprocesses. Therefore, with Pareto, the aggregateoffered load is then related to a number ofconnections lower than the number of open dataconnections. This results effectively in an increase

The aim of the experiments in the set B is toanalyze how the amount of bandwidth dedicatedto data affects the transport delay. For each valueof N_D, the optimum operating arrangement(corresponding to the optimum apportionment of

and N_DI) is represented in Fig. 22 interms of the envelope delay characteristics. Forcomparison purposes, the figure also shows theenvelope curve related to the basic set. Since thecurves do not intersect, it can be concluded thatonce the system operation is optimized for a given a better performance can only be achievedby increasing the amount of bandwidth dedicated

0 100 200 300 400 Number of Open Data Connections 10

100

1000

10000

Transport Delay (ms)

N_DR+N_DI=4 N_DR+N_DI=5 N_DR+N_DI=6 N_DR+N_DI=7 N_DR+N_DI=8

Fig. 22. Envelope comparison for scenarios in

With set C, the aim is to study how themessage size affects the SIR performance. To dothis, the number of open data connections is keptconstant (100) while the number of packets permessage varies (from 3 to 24 in steps of 3).Results are depicted in Fig. 23 for several

N_DI) combinations, i.e., those combinationscontributing to the envelope curve for the basic set

0 2 4 6 8 10 Offered load (packets/frame) 1

10

100

1000

Transport Delay per packet (ms)

N_DR=3 N_DI=5 N_DR=4 N_DI=4 N_DR=5 N_DI=3 N_DR=6 N_DI=2

Fig. 23. Transport delay per packet vs message

The results in the figure can be explained by

the reservation delay depends on the numberof open data connections and not on theassociated traffic. Since the time intervalbetween two consecutive DR-slots is constant,the reservation delay per message is constanttoo. Therefore, the packet reservation delaydecreases hyperbolically as long as the

- the queuing and transmission delaycomponents of the transport delay increase as

From the above observations it follows that atlow loads (see Fig. 23) the transport delaydecreases since the reservation delay prevails overthe queuing and transmission delay components.On the other hand, when the offered loadincreases the transport delay increases too, sincethe queuing and transmission delay componentsprevails over reservation delay. It is worth notingthat, at moderate and high loads the optimal curveresults from the combination (N_DR = 3, N_DI =5), i.e., the same combination leading to theoptimal envelope curve, at moderate and high

Fig. 24 shows a comparison, at high loadconditions, between the optimal transport delay

In the basic class the number of packets per message isfixed (6) while the number of open connections varies.In the optimal curve for class C, the number of openconnections is fixed (100) while the number of packets

0 2 4 6 8 10 Offered load (packets/frame) 1

10

100

1000

Transport Delay per packet (ms)

C Set Basic SetFrom Fig. 24 follows that the SIR MACprotocol performs better with few sourcesproducing a large amount of data packets ratherthan more sources with a few data packets per

Traffic capacity is a major evaluation aspectbeing considered in the global and regionalstandardization activity on the selection of theradio transmission technology(ies) for use in thirdgeneration mobile systems. Multiple accessmechanisms in the radio access subsystem have akey impact on traffic capacity and are beingdesigned so as to reconcile meeting therequirements of integrated services and efficientuse of spectrum. In line with these objectives, thepaper has introduced a multiple access protocol,SIR (Service Integration Radio Access), whichhas the potential for achieving those desirableproperties while ensuring stable operation over awide range of traffic scenarios. The protocol,evolved from a former protocol studied in thecontext of the European UMTS, accommodatesdata traffic in a contention-free manner. Since the

protocol is introduced with reference to a datatraffic characterization derived from live traffictraces of highly interactive applications, it isbelieved that the study gives conservativeindications for a variety of other applications with

The dynamic behaviour of the PRMA++ protocolwith speech sources has been investigated bymeans of the Equilibrium Point Analysis [11]. Thesystem under consideration comprises M speechconnections which access a common uplinkchannel using PRMA++ to transmit packetsgenerated by speech sources. Each source ismodeled by a two state discrete time Markov

Transition instants of this chain occursimmediately before the beginning of each R-slot.Hence, defining

σ

as the one-step transitionprobability from Silence to Activity state and

γ

the transition probability in the opposite direction, σ =1− e − τ tS γ =1− e − τ tT where

t S

and

t T

are, respectively, the meansojourn time of a source in Silence state and inActivity state, and

τ

is the interval between twoconsecutive embedding instants. Since frameduration is constant (5 ms) and R-slots areuniformly distributed in a frame, it follows that

τ

is inversely proportional to the number of R

We model the whole system as amultidimensional discrete state discrete timeMarkov chain. Transition instants of the chain arelocated at the beginning of each R-slot (as aconsequence, transitions of the system state are According to this model, each speech connection - silence (S), speech source is inactive and there

- first request (FR), the speech connection entersthis state whenever the underlying sourcebecomes active. It remains in this state for justone step, independently of the other connectionsstate, since allocation request can be transmittedwith permission probability one for just one - contention (C), the connection enters this state ifthe first request transmission has collided, andleaves it the first time request transmission is

- wait-allocation/transmission (W/T), theconnection is either waiting for the allocation ofthe I-slot by the base station, or allocation hasbeen gained and speech packets are beingtransmitted (for the purposes of this study, it is

not necessary to distinguish between this two

The state of the whole system, comprising a set ofM speech connections, is represented by the X =[ ] S FR C WT

, , ,

where the components

S

,

FR

,

C

and

WT

arerandom variables. representing the number ofconnections in states silence, first request,contention and wait-for-allocation/transmission,

State transitions related to a single connection,along with the associated probabilities, are u c p c c c ( ) = −( ) ≥ ≤ < − 1 1 1 0 1 1

γ

γ 1 1− −( ) ( ) ( ) p v fr c 1 1 1 −( ) − −( ) ( ) ( ) γ p v fr^c

1−( ) ( ) p v fr c

γ 1− ( ) ( ) ( ) pu c v fr

S^{pu c v fr( ) ( )}

FR σ

v fr fr fr ( ) = > ≤ 0 1 1 1

C W/T

Fig. A.2. State transitions associated with a

According to the EPA approach, equilibriumpoints are derived by imposing the condition thatthe expected increase in the number ofconnections at each state is null. From the above,it follows that an equilibrium point of the systemis a set of four values

x s fr c wt =[ ] , , ,

, where

s fr

,

c

and

wt

represent the equilibrium values forthe number of connections in states S, FR, C, andW/T respectively. By equating the expectedoutflow and inflow at each state, we obtain the σ ⋅ =s fr 1− γ ( ) 1− 1− p( )c v fr( ) ( )fr = γ 1− pu c( )v fr( ) ( )+ pu c( )v fr( ) ( )c

1− p

( )_cv fr( )⋅fr + pu c( )v fr( )⋅c = γ⋅wt

γ ⋅wt + γ 1− pu c( )v fr( ) ( )c + γ 1− 1− p ( )_c v fr( )

( )fr = σ ⋅sOnly three of the four equations are independent.The fourth independent equation translates thecondition that the total number of connections is

s+ fr +c + wt = M s = γ γ +σ M − γ γ +σ v fr( ) p⋅c⋅u c( )+ 1− p( )_cfr ( )

fr = σ ⋅γγ +σ M − σ ⋅γ γ +σ v fr( ) p⋅c⋅u c( )+ 1− p( )^cfr ( )

Under the assumption that

fr ≤ 1

, the above set ofequations (A1-A4) simplifies. To show this, wesubstitute

v fr( )

with its value (which is equal to 1 1 1 1 −( ) ⋅ = − − − ( ) ( )+ ( ) ( )⋅ p fr fr pu c pu c c c γ γ Substituting this expression in A.6, after some

fr =

1

1+

1 σ

+

1 γ

M +

γ

1− γ

c

This expression is valid if and only if the initialassumption (

fr ≤ 1

) is true. Since the equilibriumvalue for

c

is always lower than M, maximizingthe expression for

fr

we obtain a sufficient M ≤ −( ) + + 1 1 1 1 γ σ γ For a typical configuration (microcellular

M ≤ 1879 65.

which is a condition met for the considered rangeof M. Hence, in the following, in order to obtainthe equilibrium points of the system, we can solvethe simplified set of equations obtained from A.1

fr ≤ 1- there is always a solution for which

c = 0

. Infact, if we use this value in equations A.1-A.5,the system becomes linear, with just onesolution for the other three variables

s frwt

- on the other hand, if

c ≠ 0

, then, bysubstitution, we derive from A.1-A.5 the

M = pu c( )⋅c + 1 σ + 1 γ + 1− p ( )^c ⋅ γ 1− pu c( ) ( ) + pu c( ) 1− γ ( ) 1− 1− p( )^c ( ) c

Solutions of A.9, each of them an equilibriumvalue of

c

, can be derived graphically with thehelp of Fig. A.3, where the right-hand side of A.9is shown as a function of

c

. Different curves areobtained by varying the value of p, while thenumber of R-slots per frame, and then

σ

and

γ

By intersecting a curve with a horizontal load linecorresponding to a fixed number of speechconnections, we obtain the correspondingsolutions of A.9. For the sake of generality, inFig˚A.3 we have also shown a vertical line (bold)which accounts for the solution corresponding to

c = 0

0 50 100 150 200 Number of voice terminals in C 0

50

100

150

200

Number of voice terminals (M)

p=0.1

p=0.4 p=0.15

p=0.2

p=0.25

p=0.3

p=0.35

Fig. A.3. Solution of the equilibrium state

The system operation is stable if and only if thereis only one (stable) equilibrium point. By lookingat Fig. A.3, we observe that, for a given systemconfiguration, there is a critical value of thenumber of speech connections, over which thesystem has multiple equilibrium points, and henceis unstable. By considering different systemconfigurations, we have derived the stability

[ 1]D. J. Goodman, R. A. Valenzuela, K. T.Gaylard, and B. Ramamurthi, "PacketReservation Multiple Access for LocalWireless Communications", IEEE Trans.Commun., vol. COM-37, pp. 885-890,

[ 2]J. De Vile, "A Reservation Multiple AccessScheme for an Adaptive TDMA AirInterface", in Proc. of Fourth WINLABWorkshop on Third Generation WirelessInformation Networks, New Jersey, USA,

[ 3]A. Urie, M. L. Streeton, and C. Mourot,"An Advanced TDMA Mobile AccessSystem for UMTS", IEEE Personal

, vol. 2, pp. 38-47,

[ 4]S. Nanda, D. J. Goodman, and U. Timor"Performance of PRMA: A Packet VoiceProtocol for Cellular Systems", IEEE Trans.Veh. Tech., vol. VT-40,, pp. 584-598,

[ 5]J. Dunlop, J. Irvine, D. Robertson, and P.Cosimini, "Performance of StatisticallyMultiplexed Access Mechanisms for aTDMA Radio Interface", IEEE Personal

, vol. 2, pp. 56-64, June

[ 6]H. Y. Chung, and D. J. Goodman,"Transmission of Speech and Data UsingPacket Reservation Multiple Access", in

[ 7]D. Grillo, and G. Subiaco, "A CombinedLLC/MAC Traffic Analysis of the RadioInterface in TDMA-Based Third GenerationMobile Systems", in Proc. VTC ’92

[ 8]V. Paxson, and S. Floyd, �Wide AreaTraffic: The Failure of Poisson Modelling�,

[ 9]G. Anastasi, D. Grillo, L. Lenzini, and E.Mingozzi, "A Bandwidth ReservationProtocol for Speech/data Integration inTDMA-Based Advanced Mobile Systems,in Proc. INFOCOM ’96, San Francisco,

N.M. Mitrou, TH.D. Orinos, and E.N.Protonotarios, "A Reservation MultipleAccess Protocol for Microcellular Mobile-Communication Systems", IEEE Trans.Veh. Technol., vol. VT-39, pp. 340-351,

[11] S. Tasaka, �Stability and Performance ofthe R-ALOHA Packet Broadcast System, �IEEE Trans. Comput., vol. C-32, pp. 717-

S. Nanda, �Stability evaluation anddesign of the PRMA joint voice datasystem,�

Trans. Commun., vol.

W. C. Wong and D. J. Goodman, �Apacket reservation multiple accessprotocol for integrated speech and datatransmission,� IEE

, vol. 139,

G. Wu, K. Mukumoto, and A. Fukuda,�Analysis of an integrated voice anddata transmission system using packetreservation multiple access,�

Trans. Veh. Technol., vol. 43, pp. 289

Narasimhan and R. D. Yates, �A newprotocol for the integration of voice and

data over PRMA,�

Journ.

Commun., vol. 14, no. 4, pp. 623

F. Li and L. F. Merakos, �Voice/Datachannel access integration in TDMAdigital cellular networks,�

Trans. Technol., vol. 43, no. 4, pp 986

P. T. Brady, �A Model for Generating

-OFF Speech Patterns in Two-wayConversation�, Bell. Syst. Tech. J., pp.

R. Gusella, "Measurement Study ofDiskless Workstation Traffic on anEthernet", IEEE Transactions on

, vol. COM-38, pp. 1557-

V. Paxson, "Empirically Derived AnalyticModels of Wide Area TCP Connections",IEEE/ACM Transactions on Networking

ITU-R Draft New RecommendationFPLMTS.REVAL, "Procedure forEvaluation of Radio TransmissionTechnologies for FPLMTS", 8th TG 8/1

ETSI Draft Recommendation 050402,"Radio Selection Procedures", Version0.8.1, 12th SMG5 meeting, Rome, February

D. R. Cox, and W. L. Smith, "On theSuperposition of Renewal Processes",

Giuseppe Anastasi received the degree (Laurea )in Electronic Engineering and the Research Doctordegree in Computer Engineering from theUniversity of Pisa, Italy, in 1990 and 1995,respectively. In 1991 he joined the Department ofInformation Engineering of the University of Pisawhere he is currently an assistant professor. Hismain fields of interest include wireless and mobilenetworks, high speed networks, serviceintegration, modeling and performance evaluationof computer networks. He is a member of the

Davide Grillo received a degree in Statistics fromthe University of Rome in 1965. In the same yearhe joined the Fondazione Ugo Bordoni, Rome,Italy, where he is currently manager, PersonalCommunications. He was a Visiting Scientist atthe Siemens AG Central Laboratory, Munich, andthe University of Dortmund (Germany), and theIBM Zurich Research Laboratory (Switzerland).His areas of research have included: telephonenetwork operation and control; switchingexchange architecture; packet switching networks;LAN/MAN architecture, interconnection, andcontrol; and resource allocation strategies in theradio sub-system of mobile networks. He has beenon the program committees of numerousconferences and workshops, and served aschairman for the 8th ITC Seminar on UniversalPersonal Telecommunication in 1992. He was aGuest Editor of an issue on LAN interconnectionof the IEEE JSAC, a special issue ofPERFORMANCE EVALUATION dedicated tohigh-speed telecommunication systems, and aspecial issue of IEEE

Communicationson the European research and standardizationactivities for advanced mobile systems. He hasbeen an active member of SG2 of the ITU-T forquestions on traffic engineering of telephonenetworks and ISDN, where, since 1989, he hasbeen leading a group concerned with trafficengineering of networks supporting mobile andUPT services. He is involved in TG 8/1(FPLMTS) of the ITU-R, where he acts as LiaisonRapporteur to ITU-T SG2. He has been involvedin the RACE projects on mobile communications(RACE I 1043, and RACE II MONET andATDMA) with responsibility in the co-ordination

He is currently on the Editorial Board of

Personal Communications and a Guest Editor ofan upcoming special issue of IEEE JSAC on

He is a member of the IEEE Communications

Luciano Lenzini holds a degree in Physics fromthe University of Pisa, Italy. He joined CNUCE,an institute of the Italian National ResearchCouncil (CNR) in 1970. Starting in 1973, he spenta year and a half at the IBM Scientific Centre inCambridge, Massachusetts, working on computernetworks. He has since directed several nationaland international projects including: RPCNET, thefirst Italian packet switching network; STELLA,the first European broadcasting satellite network;and OSIRIDE, the first Italian OSI network. Hiscurrent research interests include integratedservice networks, the design and performanceevaluation of both Metropolitan Area NetworkMAC protocols and packet-based radio accessmechanisms for third generation mobile systems.He is author or co-author of numerouspublications in these fields. He is currently on theEditorial Board of Computer Networks and ISDN

He has been on the program committeesof numerous conferences and workshops, andserved as chairman for the 1992 IEEE Workshopon Metropolitan Area Networks. At present he is aFull Professor at the Department of Information

Enzo Mingozzi received the Laurea Degree inInformation Engineering from the University ofPisa, Italy, in 1995 where he is currently a PhDstudent. His research interests focus on mobilecommunication systems and wireless networks,design and performance analysis of computer