Integrated Voice, Video, and Bursty Data Wireless Access in TDMA -

Based Mobile Netw orks

P. Koutsakis and M. Paterakis

Dept. of Electronics and Computer Engineering

Telecommunic ations and Information & Computer Networks Laboratories

Technical University of Crete, Chania, Greece tel.: +30 821 37343, e - mail:polk@telecom.tuc.gr , pateraki@telecom.tuc.gr

ABSTRACT

A newmediumaccess control (MAC) pro tocol for mobile wireless communications is presented and investigated. We explore, via an extensive simulation study, the performance of the protocol when integrating voice, video and burstydata packet traffic over a wireless picocellular systemof high capacity. Ö

I. SYSTEM M ODEL

In this work, we design and evaluate a multiple access scheme which efficientlyintegrates voice (Constant Bit

Rate, CBR On/Off T raffic), video (Variable Bit Rate,

VBR) and burstydata traffic in high capacity picocellular env ironments. We focus on the uplink

(mobiles to base station) channel, where a MAC scheme is required in order to resolve the source terminals contention for channel access.

A. Channel Frame Structure

T he uplink channel time is divided into time frames of equal length. T he frame duration is selected such that a voice terminal in talkspurt generates exactlyone packet per frame. Each frame consists of two types of slots.

T hese are the request slots and the information slots.

Each information slot accommodate s exactlyone, fixed length, packet that contains voice, video or data information and a header. As for the request slots, we introduce the idea [6] that the request slots can be shared by voice and data terminals (first by voice terminals and, after the e nd of voice contention, by data terminals) , in order to optimize the request bandwidth.

T he request slots are subdivided into mini - slots and each mini - slot accommodates exactlyone, fixed length, request packet. Since we assume that all of the voice source state transitions occur at the frame boundaries, we place all request intervals at the beginning of the frame, in order to minimize the voice packet access delay.

Voice and data terminals do not exhaust their attempts for a reservation within the request intervals. Any other free, at the time, information slot of the frame can be

Ö

This research has been funded by the Greek General

Secretariat of Researc h and Technology and the European

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

temporarily used as an extra request slot (ER slot) for voice or data terminals [1] (with prioritygiven to voice terminals).

T he concept of reserving a minimumbandwidth for ter minals to make reservations helps to keep the voice access delaywithin relativelylowlimits and gives clearlybetter performance than the PRMA [2] and quite a fewPRMA - like algorithms, such as DPRMA [4].

No request slots are used for the video terminals , because of two reasons, which will be be analyzed in paragraph I.D.

B. Voice and Video Traffic Models

Our primaryvoice traffic model assumptions are the following:

1) Voice terminals are equipped with a voice activity detector [2]. Voice sources follow an alternating pattern of talkspurts and silence periods (on and off).

2) All of the voice source transitions (e.g., talk to silence) occur at the frame boundaries. T his assumption is reasonablyaccurate, taking into consideration that the duration of a f rame is equal to

12 ms here, while the average duration of the talkspurt and silence periods exceeds 1 sec.

3) T he voice delaylimit is equal to 40 ms.

4) T he channel is error - free and without capture.

5) Reserved slots are deallocated immediately.

We adopt the same video traffic model with the one in

[4]. T his model is based upon work done byHeyman, et al [3]. In this studyof actual videoconferencing traffic, video frames (VFs) were found to be generated periodicallyand to contain a varying number of cells i n each frame. T he distribution of the number of cells per

VF was found to be described bya gamma (or equivalentlynegative binomial) distribution.

T he statistics for video conferencing traffic in [3], were the result of coding a video sequence with a mod ified version of the H.261 standard and are presented in T able

1. NewVFs are assumed to arrive every40 msecs.

C. Data traffic models

Data traffic has lowprioritycompared to voice traffic, and data messages are generated bya large unknown number of data terminals (theoreticallyinfinite). Data messages varyin length according to a geometric distribution with mean B packets per message, and the steadystate data packet arrival rate is equal to

�

�

� is the data message arrival rate.

( B is equal to 8 in our study).

We consider two different cases for the data message arrivals:

1) T he data message arrivals are Poisson distributed, and

2) T he interarrival times of the data message arrival process are assumed independent, and identically distributed according to a Pareto distribution with shape parameter

. and location parameter k [5]:

T he location parameter k corresponds to the minimum interarrival time between packets. It can be ea silyshown that if . <=2, the distribution has infinite variance, while

LI� .

� �WKH�PHDQ�LV�LQILQLWH�DV�ZHOO�7KHUHIRUH�WKH�

Pareto distribution is heavytailed with infinite mean and

variance. T his mathematical propertyaccounts for the

strong burstiness o f the data message arrival process in

this case.

Finally, an upper limit on the mean data message delay,

equal to 200 ms, is assumed.

D. Actions of Voice and Video Terminals, and Base

Station Scheduling

Voice terminals with packets, and no reservation,

cont end for channel resources using a randomaccess

protocol to transmit their request packets onlyduring the

request intervals. T he base station broadcasts a short

binaryfeedback packet at the end of each mini - slot

indicating onlythe presence or absence of a collision

within the mini - slot (collision (C) versus non - collision

(NC)). Upon successfullytransmitting a request packet

the terminal waits until the end of the corresponding

request interval to learn of its reservation slot (or slots).

If unsuccessful within the request intervals of the current

frame, the terminal attempts again in the request

intervals of the next frame. A terminal with a reservation

transmits freelywithin its reserved slot.

T he same reservation procedure is followed bythe data

ter minals, right after the end of the voice contention

period, which is indicated bytwo consecutive NC

feedback packets. Since data traffic is the most tolerant

of delays, data terminals have the lowest priorityin

acquiring the information slots theydemand . Each data

user is allowed to reserve just one slot per frame . T his

^restriction~ is explained later in this section.

Video terminals do not have anyrequest slots dedicated

to them. T his happens for two reasons:

1) Video sources ^ live ~ perman entlyin the system, they

do not followan ON - OFF state model like voice

sources.

2) Video traffic follows a multi - state Markov model, in

which however state transitions do not occur very

often.

T hus, there is no need for granting request bandwidth to

the vid eo terminals, as it would be wasted in most cases.

Video terminals convey their requirements to the base

station by transmitting them within the header of the

first packet of their current video stream.

Upon successful receipt of a voice or data request

packet, the BS provides an acknowledgment and queues

the request. T he BS allocates channel resources at the

end of the corresponding request interval . Video

terminals have absolute priorityin acquiring the slots

theydemand. If a full allocation is possib le, the BS then

proceeds to allocate anystill available information slots

to the requesting voice terminals. Otherwise, if a full

allocation is not possible, the BS grants to the video

users as manyof the slots theyrequested as possible

(i.e., the BS ma kes a partial allocation). T he BS keeps a

record of anypartial allocations so that the remaining

requests can be accommodated whenever the necessary

channel resources become available. In either allocation

type case, the BS allocates the earliest availabl e

information slots to the video terminals, which, if

needed, keep these slots in the following channel frames,

until the next video frame (VF) arrives.

Voice terminals which have successfullytransmitted

their request packets do not acquire all the availa ble

(after the servicing of video terminals) information slots

in the frame. If this happened, voice terminals would

keep their dedicated slots for the whole duration of their

talkspurt (mean of 1 sec here), and thus video terminals,

would not find enough slots to transmit in, and the

particularlystrict video QoS requirements would be

violated. Consequently, the BS allocates a slot to each

requesting voice terminal with a probability p *. T he

requests of voice terminals which ² fail ² to acquire a

slot, ba sed on the above, remain queued. Within each

priorityclass, the queuing discipline is assumed to be

First Come First Served (FCFS).

T he above comments on whywe need to use p *, stand

for the explanation of our ^defensive~ slot allocation

policyto data us ers, as well.

Finally, in order to preserve the video QoS, we enforce a

scheduling policy for the video terminals which prevents

unnecessarydropping of video packets in channel frames

within which the arrival of a newVF of a video user

takes place (the details of this reshuffling policycan be

found in [6].

E. Transmission Protocol

In our study, we adopt the two - cell stack reservation

randomaccess algorithmfor use bycontending voice

terminals, due to its operational simplicity, stabilityand

relativ elyhigh throughput when compared to the PRMA

(Aloha - based) ([1]) and PRMA - like algorithms, such as

[1,4].

T he actions of the data terminals, in order to acquire

access to the channel resources, are slightlydifferent

fromthose of voice terminals.

I I. SYSTEM PARAM ETERS

T he simulations were conducted with the parameters

contained in T able I. Each simulation point is the result of an average of 10 independent runs, each simulating

305,000 frames (the first 5,000 of which are used as

warmup period).

Th e number of shared voice and data request slots

depends on the number of video sources admitted into

the system 1 , and it varies accordingly between 1 and 5

slots (see Table II, where the values of the probability p *

are presented as well) .

Even for the ca se where 5 request slots are needed, this

corresponds to a 1.95% request bandwidth only. We

should also note that:

1) In our design, we chose the number of minislots per

request interval (4), to allowfor guard time and

synchronization overheads, for the tran smission of a

generic request packet and for the propagation delay

within the picocell.

2) Since the maximumtransmission delayfor video

packets is set to 40 msecs, all video packets of a VF

must be delivered before the next VF arrives.

III.VOICE - VIDEO - DA TA INTEGRATION

RESULTS AND DISCUSSI ON

T he two parameters of the Pareto distribution are

realated through the following equation:

� . -

� . � � �

� (mes./frame)

.

�

� .

� �

ù