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a b s t r a c t

The Intelligent Transportation Systems concept provides the ground to enable a wide range of

applications to improve traffic safety and efficiency. Innovative communication systems must

be proposed taking into account, on the one hand, unstable characteristics of vehicular com-

munications and, on the other hand, different requirements of applications. In this paper a

reliable (geo-)broadcasting scheme for vehicular ad-hoc networks is proposed and analyzed.

This receiver-based technique aims at fulfilling the received message integrity yet keeping the

overhead at a reasonably low level. The results are compared to simulation studies carried

out in the Network Simulator-3 (NS-3) simulation environment demonstrating good agree-

ment with each other. The analysis shows that in a single-hop scenario, receiver-based reliable

broadcasting can provide good reliability, while giving very little overhead for high number of

receivers.

© 2015 Elsevier B.V. All rights reserved.
1. Introduction

Forwarding and transport protocols are among the main

design principles of vehicular communication systems. For-

warding of data packets, in conjunction with a routing pro-

tocol, can be classified into four types in the vehicular com-

munication domain [1]. They are Geographical Unicast (i.e.,

direct or multi-hop unidirectional transport of data from a

single node to a single node using geographic addresses of

vehicles), Topologically-Scoped Broadcast (TSB) (i.e., trans-

port of data packets from a single node to all nodes in the

coverage scope of a vehicular network), Geographical Broad-

cast (i.e., transport of data packets from a single node to all

nodes in a geographical region of interest), and Geographical
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Anycast (i.e., transport of data packets from a single node to

any of the nodes in a geographical region of interest) [1].

The transport protocol of a vehicular communication sys-

tem must meet application requirements, which, in turn, af-

fects its design principles [1]. In our study, we consider reli-

ability as the one relevant to our approach. Reliability refers

to assuring that a message has reached the highest possible

number of intended receivers. Due to the inherently unre-

liable nature of vehicular environments, it is very challeng-

ing to design an end-to-end reliable (geo-)broadcast protocol

guarantying delivery of packets to all intended receivers of

a vehicular network. For instance, lack of a couple of pack-

ets from the set of packets constituting big messages such as

maps, at the receiver-side, makes the whole message useless.

Providing end-to-end reliable delivery for (geo-)broadcast

is an open area of research. In this paper, we describe a

novel receiver-based end-to-end reliable protocol in the con-

text of geographically scoped broadcast in vehicular net-

works. According to this scheme, every packet, as a part of a
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message, is marked with a sequence number, in an increas-

ing order. By sequence checking, the missing packets of a

message are detected at the receiver-side and requested af-

terwards from the neighbors. Those neighbors having these

packets in possession reply by broadcasting them. In order

to minimize the effect of collisions as a result of concur-

rent requests and replies, a back-off timer-based policy is in-

troduced. The proposed approach does not target a specific

application but could be fitly applied in scenarios featuring

large (e.g., maps) and small (e.g., regular awareness) sized

messages.

The main contributions of this paper are as follows: (i) we

extend the end-to-end (geo-)broadcast reliability assurance

mechanism, originally proposed in the framework of the MO-

BILITY 2.0 FP7 project [2], (ii) we propose an analytical model

for performance evaluation of the functionality of the pro-

posed protocol and validate it using the NS-3 network simu-

lator [14], (iii) we derive system-oriented performance mea-

sures, with a significantly extended set of results, compared

to the first version of this work [7], which has been published

in IEEE Vehicular Networking Conference 2014 (VNC).

The rest of this paper is organized as follows. Section 2

provides a brief account of related work. Section 3 introduces

the reliable (geo-)broadcast approach. We develop the ana-

lytical model of the protocol in Section 4. In Section 5 we first

validate the model using NS-3 simulations and then numer-

ically study the protocol performance in detail. Conclusions

are drawn in the last section.

2. Related work

In general, (geo-)broadcasting reliability approaches

could be divided into two main categories as multi-hop and

one-hop and further into sender-based (i.e., the recovery ac-

tion is initiated by the sender such as regular repetitions, also

known as implicit recovery) and receiver-based (i.e., the re-

covery action is initiated by the receiver, e.g. protocols with

negative acknowledgments known as explicit recovery) ap-

proaches. Here, we refer to those mechanisms and protocols

related to our approach.

In [10] overhearing of rebroadcasted messages is consid-

ered as an implicit acknowledgement for the sender and all

the vehicles with pending rebroadcasts. Besides considering

rebroadcast overhearing as implicit acknowledging, in Pre-

ferred and Contention Based Forwarding (PCBF) [13] if the

most recent forwarder hears the rebroadcast of a packet, it

sends an explicit acknowledgement to the former forwarder

to stop further unnecessary rebroadcasts. Inter-Vehicle Geo-

cast (IVG) [4] and Urban Vehicular-broadCAST (UV-CAST)

[18], both are overhearing based suppression schemes with

rebroadcast back-off timers, inversely proportional to the

distance between the vehicles and the sender, to ensure

longer packet traverse distances. Such schemes in general

improve hop-by-hop and not end-to-end traverse reliability

at the cost of increased overhead and redundancy.

Reliable Vehicular Geo-broadcast (RVG) [9] is based on

two schemes as Slotted Restricted Mobility Based (SRMB)

scheme and the Pseudo-ACK (PACK) scheme. While SRMB is

responsible for data dissemination over a specified distance,

PACK assures multi-hop dissemination reliability by inter-

preting overheard rebroadcasts as a measure of successful
transmission. When the Neighbor Elimination Scheme (NES)

[17] and the multipoint relaying [12] scheme of SRMB fail,

PACK scheme detects unacknowledged links and repeats for-

warding. In [11] besides the distance between the current re-

ceiver and the previous forwarder, the number of the local

copies of the message at each receiving vehicle, is consid-

ered to take the rebroadcast decision. This approach is based

on acknowledging the received messages to assure reliable

delivery by indexing the copy of the messages. In [16] an

end-to-end geocast acknowledgement scheme is proposed,

in which individual acknowledgements are accumulated into

larger messages in an aggregator. The acknowledgement is

later sent to the source using a sink tree and position up-

date schemes in order to find the path back towards the

source. Acknowledged Broadcast from Static to Highly Mo-

bile (ABSM) [15] approach is based on the Connected Dom-

inant Set (CDS) scheme [17] and NES for reliable data dis-

semination. Vehicles possessing the message of interest set

a back-off timer, such that the vehicles in the CDS choose a

shorter back-off timer, and rebroadcast it upon timer expira-

tion if discovering their neighborhood is not fully covered.

Identifiers of the recently received messages are included

in beacons as acknowledgements. In Adaptive and Reliable

Broadcast (ARB) [21], each sender sets a receive acknowl-

edgement window, which is divided into many adaptive slots

proportional to the number of neighbors. The retransmission

will be started if any acknowledgement from a neighbor in

the table of neighbors is missing upon expiration of the ac-

knowledgement window. Modified Hybrid Automatic Repeat

reQuest-Symbol Combining (MHARQ-SC) [5] is an ACK-based

approach such that a couple of packets to be transmitted are

combined at first based on an SC algorithm and then trans-

mitted to the intended receivers. It is assumed to deploy an

error detection code at the receiver end able to detect any

loss pattern and send a negative ACK to the sender side, oth-

erwise a positive ACK will be sent.

Geocast routing protocol in SUb-Zone of relevance (Geo-

SUZ) [3] proposes to divide the geobroadcast target area

into sub-areas and to use different message dissemination

techniques in each of them to enhance reliability. Still,

end-to-end transfer may not be satisfied. SmartGeocast [20]

encompasses two phases as initialization and maintenance.

The latter is considered for reliability improvement by

keeping rebroadcasting at regular time intervals, within a

smaller area than the target area to be less redundant and

cost-efficient. As a result, this approach fails to guarantee

end-to-end reliability for all the intended receivers. The

approach in [19] proposed XOR coding for loss recovery in

vehicular communications such that after original trans-

mission, instead of repeating the packet transmission for a

couple of times, the sender XORs its packet with other pack-

ets received from other vehicles and repeatedly transmits

the XORed packet, while there is no explicit information

from the receiver side for such retransmissions.

Summarizing the (geo-)broadcast reliability solutions,

sender-based mechanisms cannot provide delivery as-

surance, as they do not rely on explicit knowledge from

the receiver-side. While, receiver-based approaches are

mostly ack-based and overload the network with many

acknowledgement packets. In this work, a receiver-based

approach is described for one-hop (geo-)broadcast, in which
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Fig. 1. The sender-side of the reliable geocast protocol.
receivers are able to detect lost packets and explicitly ask for

them.

3. The end-to-end reliable geocast protocol

The protocol described in this paper is an end-to-end re-

liability assurance mechanism for (geo-)broadcast in vehicu-

lar environments which is developed within the framework

of the MOBILITY 2.0 FP7 project. This is a receiver-based ap-

proach enabling loss detection and correction by implement-

ing a sequence checking functionality and is suitable for a

wide variety of ITS applications demanding strict delivery re-

quirements. Before proceeding with the system description,

it is worth pointing out that we assume that the underlying

ETSI/ITS standard geo-networking infrastructure [6] is func-

tionally available, providing the basis to implement such a

facility.

The sequence number checker module works as demon-

strated in Figs. 1 and 2. At first, the packets to be broadcasted

are sequentially numbered. Further, a unique session identi-

fier is assigned to the packets constituting a single message

and flags to identify the first and last packets of a message are

set as well. Hence, the receiving side can detect any inconsis-

tency in the sequence of received messages. If any missing

packet is detected, a back-off timer randomly set from 0 up

to a few milliseconds is started. Upon expiration of this timer,
a Single-Hop Broadcast (SHB) query is initiated to fetch the

missing packet from any neighbor by encompassing the rele-

vant sequence number in the request. The aim of this random

back-off timer is to prevent many duplicate requests from

different receivers for the same packet and consequently col-

lisions. During the countdown period, as any received broad-

cast of that packet cancels the timer, any received query for

the same packet causes extension of this pending query, up to

limited number of times. Such functionality gives a break to

the neighbor with pending request to get the packet of inter-

est as a result of heard query. If it is not the case, it will broad-

cast its own query to give a try to get that packet. Upon broad-

casting the request, the vehicle starts a randomly set back-off

timer and waits for the reply. During the countdown process,

if the vehicle does not get the reply, it will rebroadcast a re-

quest to try once more to get the desired packet. When the

source of the packet or any other neighbor already having

the packet receives the retransmission request for the packet,

it verifies whether it has it in its data cache. If the packet

is found, a randomly set back-off timer having value from 0

up to a few milliseconds is started, after which the packet

is single-hop broadcasted, if it is not broadcasted by another

vehicle before timer expires. Again, this waiting procedure is

designed to prevent numerous duplicate retransmissions and

collisions. Note that even by utilizing single-hop broadcast of

the request packet in the current version of the scheme, it is
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Table 1

Notation used in the this paper.

Parameter Definition

N The number of the receivers

K The number of the retransmission requests allowed

D The number of steps till absorption in the Markov chain

Ttimeout Constant waiting time to receive the reply after a request (s)

TT Transmission time of a data packet (s)

TR Transmission time of a retransmission request packet (s)

TI Time to deliver a packet to at least one station (s)

pT Data packet loss probability

pR Retransmission request packet loss probability

1/rT Mean number of back-off slots prior sending a data packet

1/rR Mean number of back-off slots prior sending a request packet

Tslot Duration of a time slot (s)

E[Ti] Mean time spent in the state i of the chain (s)

E[T] Mean time spent in transient set of states till absorption (s)

E[Ti|F] Mean time spent in the state i, conditioned on failure (s)
of high probability that the packet will finally reach a vehicle

possessing the requested packet after some time, because of

a predefined number of regular request broadcasts.

4. Performance modeling and analysis

In this section we formulate an analytical model for a sim-

plified version of the proposed reliable broadcast protocol

capturing all the important features of the original one. The

considered performance metrics of interest are those per-

taining to delay, loss, and overhead performance of the pro-
tocol. Table 1 summarizes the notation used throughout this

paper.

4.1. Simplified protocol and considered scenario

Taking into account all the details of the proposed pro-

tocol makes the modeling effort extremely complicated.

Instead, in this section we consider a simplified version of

the protocol taking into account all the important details

affecting delay and loss performance. The considered sce-

nario consists of N receivers and an additional station 0
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being the source of the broadcast message. All the stations

can hear each other, that is, they could receive and suc-

cessfully transmit with non-zero probability. The broadcast

message consists of exactly one packet. We will concentrate

on two performance metrics of interest: (i) the distribution

of the number of retransmission attempts performed by

all the stations needed to distribute the packet to all N

stations and (ii) the mean delay required to perform this

distribution. In the final subsection, we will also consider

various extensions feasible for the proposed model.

The simplified system for performance modeling operates

as follows. First, the originator transmits a packet by first

choosing a random back-off delay expressed in the number of

time slots. We assume that the back-off delay is drawn from

the geometric distribution with parameter rT (mean 1/rT).

The probability of data packet loss due to wireless channel

conditions is considered to be independent and the same

for all the stations and equal to pT. This assumption is real-

istic for rather dense communities. If i out of N stations do

not receive the packet correctly they will all choose a certain

back-off value from the geometric distribution with param-

eter rR independently of each other to broadcast a retrans-

mission request for the lost packet. The detection of packet

loss is based on checking the sequence number of the re-

ceived packets. Requesting stations then start a retransmis-

sion timer and wait to receive the packet of interest. Upon

expiry of the timer, they will resend the request. If no col-

lision happens as a result of concurrent transmission of re-

quests, the request for the packet is received correctly at

(N − i) stations having the original data packet, with prob-

ability 1 − pR. Here, again it is assumed that the request

packet loss probability due to wireless channel conditions is

the same for all the stations. Assuming that j stations out of

N − i have received the request, they all will choose a cer-

tain back-off value from a geometric distribution with pa-

rameter rT to reply with the packet of interest. The queried

packet is correctly received at each of the i stations inde-

pendently with probability 1 − pT . The procedure repeats it-

self until all the stations have received the data packet cor-

rectly or the number of allowed retransmission requests, K, is

exceeded.

In this study we assume that the collision probability is

negligible compared to the probability of incorrect recep-

tion of a packet. In other words, performance degradation is

mainly caused by incorrect reception of packets at the air in-

terface. This is the case when the number of stations involved

in packet distribution is rather limited and/or the contention

window interval is large. Even in the last case the size of data

packet is usually much larger than the maximum possible

contention window size. We will however take into account

the delay caused by back-off times in delay analysis and dis-

cuss how to incorporate the effect of collisions to the pro-

posed model at the end of the paper.

4.2. modeling

The analysis of the proposed protocol is based on the di-

rect application of an absorbing Markov chain and the asso-

ciated matrix methods developed by Kemeny and Snell [8].

For this reason we will briefly remind the basics of absorbing

Markov chain theory here.
A finite-state Markov chain {S(n), n = 0, 1, . . . }, S(n) ∈
{0, 1, . . . , N}, is called absorbing if it contains one or more

states that, once entered, cannot be left. The states of an ab-

sorbing chain that are accessible from any other states, ex-

cept for absorbing ones, are called transient. A chain is said

to be time-homogeneous if state transition probabilities de-

pend on elapsed time, not absolute time. Homogeneous ab-

sorbing chains are extremely suitable to model the processes

that eventually stop on one or few states, i.e. absorb.

Recalling the protocol operation specification, we observe

that we can represent the process of packet distribution from

the source 0 to all N recipients using the discrete-time homo-

geneous absorbing Markov chain with the state space S(n)

∈ {0, 1, …, N}, where the state number, S(n), describes the

number of stations not yet having the packet of interest by

time n. It is important to note that here we are dealing with

a Markov chain embedded at the moments of state changes,

that is, we have a Markov chain embedded at state transi-

tions. S(n) refers to the state of the system after the (n − 1)th

retransmission request plus associated retransmission, or, if

one of these got lost, after expiry of the corresponding timer.

Furthermore, S(0) is the initial system state, and S(1) the state

after the initial transmission. In other words, time intervals

between state changes are not constant and depend on the

protocol operation.

The proposed model behaves as follows. Initially, the

model is in the state S(0) = N representing the situation

when none of the stations received the packet yet. The source

of the message performs the original transmission so that 0

or more of the stations out of N receive the packet correctly.

Once it happens, the models enters one of the states out of

the set S(1) = {0, 1, . . . , N} with the only absorbing state 0. If

the chain is not immediately absorbed in the state 0 it jumps

between transient states for some amount of time slots as a

result of retransmission requests and replies and finally gets

absorbed in the state 0, where all the stations have the packet

of interest. Since the number of stations having the packet

after the next retransmission attempt depends only on the

number of stations having it right now, the process is Marko-

vian in nature and can be modeled using the discrete-time

homogeneous Markov chain.

A Markov chain with N transient states and one absorbing

state is characterized by a (N + 1) × (N + 1) transition ma-

trix T [8] that can be written as

T =
(

1 �0T

�q Q

)
, (1)

where Q is an N × N matrix whose elements, qij, i, j =
1, 2, . . . , N are transition probabilities between transient

states of the absorbing Markov chain, �0T is the vector of zeros,

and �q = (q10, q20, q30, . . . , qN0) is the vector containing tran-

sitions from the transient states {1, 2, . . . , N} to the absorbing

state 0.

We could reform the canonical form of the Markov chain

in Eq. (1) into the following form

qi0 +
N∑

j=1

qi j = 1, i = 1, 2, . . . , N, (2)

where qi0 is the probability of going to the absorbing state

from the state i. Introducing �e as a vector of ones of size N, in
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matrix form we have

�q + Q�e = 1, (3)

showing that the model is characterized by Q. It will be

shown in the next section that we also need the initial state

distribution vector �h to fully characterize the model.

4.3. Parameterization of the model

To parameterize the proposed model we should provide

the N × N transition probability matrix Q, and �h a 1 × (N + 1)
vector (h0, h1, . . . , hN) providing the initial distribution of

states of the model.

We choose to define the initial state distributions at state

S(0) and S(1) explicitly, as the state transition probabilities

in S(0) are different from those in the other states. Clearly,

S(0) = N, as none of the receivers will have the packet ini-

tially. Further, we define the state probability distribution at

S(1) as �h. This initial state distribution of the system is given

by the number of stations successfully receiving the packet

of interest at the first transmission attempt. Let hi denote the

probability of residing in state i, 0 ≤ i ≤ N after the origi-

nal transmission, which means exactly i stations fail to re-

ceive the packet correctly, while N − i succeeded to receive

the packet. Hence, recalling that pT is the probability of in-

correct reception, hi is derived as

hi =
(

N

i

)
pi

T (1 − pT )
(N−i), i = 0, 1, . . . , N, (4)

which follows a binomial distribution with parameters pT

and N. From now on we will use the notation B(N, p, i) to

denote binomial probabilities. The probability of residing in

state i, 0 ≤ i ≤ N after k retransmission requests is given by ith

element (Pk
i

) of vector

Pk = �h · T k =
[
Pk

0 , Pk
1 , . . . , Pk

N

]
. (5)

In order to find qi j, i, j = 1, 2, . . . , N we need to consider

how our system evolves starting from an arbitrary state i. The

state transition diagram for arbitrary state i, i = 1, 2, . . . , N is

illustrated in Fig. 3. Note that the states drawn with dashed

lines are the so-called “phantom” states that do not belong

to the model and are shown for illustrational purposes only.

The number in the phantom state represents the number of

stations already having the packet that have received a re-

transmission request. The only transitions allowed for the

state i are those leading to smaller absolute values associated

with states, i.e. j = 0, 1, . . . , i. The actual probabilities of tran-

sitions depend on the probabilities of incorrect reception of
data and retransmission request packets, denoted by pT and

pR, respectively. On top of this when i < N there is competi-

tion for resources when either a retransmission request or a

data packet is sent.

Assume that the system is in the arbitrary state i at the

time n, that is, N − i stations have successfully received a

packet so far in the first n steps. Consider the probabil-

ity, psuccess, that a retransmission request for a missing data

packet is successfully received by at least one station having

the data packet. Since all the stations are assumed to receive

a retransmission request packet independently with proba-

bility 1 − pR, and other stations cancel their retransmission

requests upon hearing one, the probability we are looking for

is

psuccess =
N−i∑
k=1

(
N − i

k

)
p(N−i−k)

R
(1 − pR)

k = 1 − pN−i
R . (6)

If at least one station receives the retransmission request

packet correctly the data packet is retransmitted. The system

state changes to another state j, j ≤ i, as a result of this re-

ply, see Fig. 3. It implies that i − j stations out of i stations

have received the reply packet correctly, while the remaining

j stations have not received it due to transmission loss. The

probability of the above-mentioned event is given by

B(i, pT , j) =
(

i

i − j

)
pj

T
(1 − pT )

(i− j). (7)

Observe that the latter event is conditioned on at least one

station having the original data packet successfully receiving

the retransmission request packet first. Consequently, we get

the probability of the system transition from the state i to the

state j as

qi j =
N−i∑
k=1

(
N − i

k

)
p(N−i−k)

R
(1 − pR)

k

(
i

i − j

)
pj

T
(1 − pT )

(i− j),

(8)

where i = 0, 1, . . . , N and j = 0, 1, . . . , i − 1.

Note that there is still a chance that no stations get the

data packet correctly at the end of the retransmission at-

tempt. This could happen due to no station getting the re-

transmission request correctly or no stations getting the data

packet correctly. This probability is given by

qii = p(N−i)
R

+
N−i∑
k=1

(
N − i

k

)
p(N−i−k)

R
(1 − pR)

k pi
T , (9)

where i = 0, 1, . . . , N and it is the probability of remaining in

the same state.

Finally, the elements of �q are obtained observing that the

only way to approach the state 0 from any arbitrary transient

state i is receiving the data packet correctly by all i stations.

The corresponding probability is given by

qi0 =
N−i∑
k=1

(
N − i

k

)
p(N−i−k)

R
(1 − pR)

k(1 − pT )
i. (10)

This completes the parameterization of the model.
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4.4. Performance evaluation

Below, for the proposed model, we derive the perfor-

mance metrics of interest. These include (i) complete de-

livery probability, (ii) probability mass function (PMF) of

the number of retransmission attempts required to deliver a

packet to all the stations, (iii) mean delay to deliver a packet

to all the stations, (iv) mean delay per receiver, (v) residual

loss probability, (vi) and overhead of error recovery.

4.4.1. Complete delivery probability

The first metric we are interested in is the probability that

a packet is delivered to all receivers within k steps. So, for the

Markov model defined in (1) we are interested in computing

the probability of absorption in no more than k steps. Ob-

serve that the time to absorption in a Markov chain with one

absorbing state is in fact a First Passage Time (FPT) distribu-

tion expressing the number of steps required to get into the

absorbed state from the set of all transient states 1, 2,…, N.

This metric characterizes the number of retransmission at-

tempts that must be performed to deliver a packet to all the

stations.

Let D denote the random variable describing the number

of steps till absorption. Practically, D describes the number of

retransmissions that has to be performed to get the packet

distributed to all the stations. The Cumulative Distribution

Function (CDF) of D is given by [8]

FD(k) = Pr(D ≤ k) = 1 −�h
′
(Qk)�e, (11)

where �h
′

is the initial state probability vector, without h0.

4.4.2. PMF of the number of retransmission attempts

The Probability Mass Function (PMF) of the number of re-

transmission attempts can be derived from CDF by differen-

tiating as

fD(0) = FD(0),

fD(k) = FD(k) − FD(k − 1), k = 1, 2, . . . , K, (12)

which represents the probability of absorption in exactly k

retransmission steps.

4.4.3. Mean packet distribution delay

Consider now the mean delay performance of the proto-

col, more specifically, the expected delay until all stations

have received the packet. Note that we will explicitly take

into account the delay introduced by the back-off procedure.

In the derivation below we will need the notion of the fun-

damental matrix of an absorbing Markov chain that we will

introduce next.

According to the definition of the matrix Q in (1), it is in-

ferrable that the probability of transition from the state i to

the state j in exactly k steps is (i, j)th entry of Qk. A basic prop-

erty of an absorbing Markov chain is the fundamental matrix

of the chain defined as summation of Qk overall k’s [8] as

Z =
∞∑

k=0

Qk = (I − Q)−1, (13)

where I is the identity matrix of size N × N. The (i, j)th entry

of the fundamental matrix Z represents the expected number

of visits to a transient state j prior to absorption, assuming

the system starts at a transient state i.
Observe that the sojourn time in a state of the proposed

model is a random variable. The mean transmission delay

consists of the mean time required to perform the initial

transmission followed by the mean time spent for all consec-

utive requests and replies until all the stations correctly re-

ceive the packet. During this time the system traverses from

the initial state to the absorbing state by passing through

transient states. Therefore, at first we need to know the prob-

ability of visiting either of the system states and later the

amount of time spent in each of them till absorption, which

may vary from state to state. The probability of visiting any

arbitrary transient state j of an absorbing Markov chain when

starting at a transient state i [8], is given by the (i, j)th ele-

ment of the following matrix

= (Z − I)(ZD)−1, (14)

where, ZD is the diagonal matrix derived from the fundamen-

tal matrix Z by setting all its elements to zero, except the di-

agonal elements.

Recalling that qii is the probability of staying in the state

i, we see that the time in a state of the Markov chain is geo-

metrically distributed with parameter qii. Further, as each re-

quester station sets a constant time out, Ttimeout, to receive the

reply, we get the mean total duration of time it takes to per-

form retransmission attempts given that they fail, denoted by

E[Ti|F], as

E[Ti|F ] = 1

qii

Ttimeout . (15)

Let us now look at the time needed for the final, success-

ful retransmission. That consists of the back-off time + packet

transmision time for both the retransmission request and the

retransmission itself. We approximate the number of time

slots before sending a reply by assuming that all N − i sta-

tions that have the packet do receive the request. Recalling

that all the stations missing the packet, choose the back-off

counter from a geometric distribution with the same param-

eter rR to send a retransmission request, the number of time

slots to access the channel is geometrically distributed with

parameter

r∗
R = 1 −

i∏
l=1

(1 − rR) = 1 − (1 − rR)
i, (16)

which follows from the definition of the minimum of a set of

random variables and the memoryless property of a geomet-

ric distribution. Similarly, the number of time slots to access

the channel for sending the data packet is geometrically dis-

tributed with parameter

r∗
T = 1 −

N−i∏
k=1

(1 − rT ) = 1 − (1 − rT )
N−i . (17)

Now, recalling that TT and TR are the transmission time

of a data packet and a request packet respectively, we could

find the overall delay of the system at the arbitrary state i,

denoted by E[Ti], as

E[Ti] = E[Ti|F ] + Tslot

r∗
R

+ TR + Tslot

r∗
T

+ TT , (18)

where, the first component accounts for the time spent due

to 1
q time failures and the rest considers the time spent to
ii
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Fig. 4. Mean packet distribution delay.

Table 2

Numerical values.

Parameter K pR pT rR rT Ttimeout Tslot TR TT

Value 30 0 0.1 0.5 0.5 0.012 0.0001 0.001 0.01
leave the state i successfully. That is, the time prior to ac-

cess the channel to send a request as 1/r∗
R

times Tslot plus the

transmission time of the request packet, TR, provided that at

least one station possessing the packet receives the request.

Then after, it is summed up with the time prior to access the

channel to send a reply as 1/r∗
T

times Tslot plus transmission

time of the reply packet (TT) provided that at least one station

missing the packet, receives the reply.

Summing up (18) over all states gives the mean packet

distribution delay, i.e.,

E[T ] = TT +
N∑

j=1

j∑
i=1

hj · wjiE[Ti], (19)

where TT is the time for the first original transmission, and

wji is the probability of visiting the arbitrary state i starting

from the arbitrary state j of the chain, which is represented

by hj.

4.4.4. Mean delay per receiver

Beside the mean delay performance of the system, i.e., the

expected time until all stations have received the packet, it

is of interest to find out the delay per station. That is, for

each individual station the expected time until it receives the

packet for the first time. This metric, E[TS], can be derived as

E[TS] =
N∑

j=1

j∑
i=1

hj · wjiE[Ti] · i/N. (20)

Here, basically, for every state i, the delay is weighted with

the fraction of nodes experiencing this delay.

4.4.5. Residual loss probability

As the name implies, this performance metric represents

the residual probability of loss for an arbitrary station, given

that K retransmission steps are allowed. It is computed as

pK
res =

N∑
i=1

i · PK
i /N, (21)

where PK
i

represents the probability of being in the state i

after k = K retransmission attempts as defined in Eq. 5.

4.4.6. Overhead of error recovery

Analyzing a retransmission-based error recovery tech-

nique, we have to quantify how much extra overhead is im-

posed by retransmissions, i.e., the expense of the proposed
higher layer reliability protocol. This metric can be defined

in terms of the expected number of transmissions and de-

rived by averaging over the absorption probabilities for all

the given number of retransmission steps as

H = 1 +
∞∑

k=1

fD(k) · k. (22)

5. Numerical results and validation

In this section we first validate the proposed model us-

ing the simulations and then analyze the performance of

the protocol in detail. To validate our model, the system has

been implemented in the NS-3 network simulator. Further,

various realistic scenarios have been analyzed using a Wol-

fram Mathematica implementation of the proposed analyti-

cal model. The number of nodes, data packet loss probability,

the maximum number of allowed retransmission requests,

packet transmission times and back-off timers are the inputs

to the model. Accordingly, we get the delay, loss, delivery and

overhead related metrics as the output.

5.1. Validation by simulation

The model has been validated by implementing the pro-

posed protocol in NS-3 environment. That is, following model

assumptions, a one-hop wireless network has been set up

with the constant position mobility model and negligible

propagation loss and delay. Transmission delay and proba-

bilistic packet loss for data packets and retransmission re-

quest packets have been implemented at the application

level to set conditions similar to those of the analytical

framework. Also the reliable broadcast protocol has been im-

plemented at the application level on all nodes.

Fig. 4 a shows in logarithmic scale the comparison of the

protocol simulation with the results obtained using the ana-

lytical model. The metric of interest is the mean packet dis-

tribution delay as a function of the number of receivers in

the system. The numerical values used for the experiments

are summarized in Table 2. The confidence limits were esti-

mated assuming the level of significance α = 0.1 (two-sided
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(c) 30 receivers.

Fig. 5. PMF of the number of retransmission attempts for different number of receivers.

Fig. 6. Complete delivery probability.
symmetric test, α/2 = 0.05). As one may observe, the analyt-

ical results slightly overestimate the delay values, although

they are within the confidence limits for almost all consid-

ered values of N. For other values of pT and pR the model fol-

lows the simulations closely as well.

In Fig. 4b shows the mean packet delay as a function of

the data packet loss probability, pT, in logarithmic scale for

the same set of numerical values. The number of receivers

was set to N = 5 and the confidence limits were estimated

assuming α = 0.1. As one may observe the analytical results

are within the confidence limits for almost all values of the

data packet loss probability, pT. The model follows the sim-

ulations for other values of N as well. Thus, in what follows,

studying the qualitative and quantitative behavior of the sys-

tem, we will use the developed analytical model only.

5.2. Analytical system performance

This section presents the results obtained from analyt-

ical modeling. Note that different numerical settings have

been used and the details of each evaluation scenario are de-

scribed in the corresponding part. For all results to be fitted

reasonably, logarithmic scales are used.

5.2.1. Delivery-related metrics

Fig. 5 demonstrates PMFs of the number of steps till a

broadcast packet is successfully received by all the receivers

for N = 5, 15, 30 and different data packet loss probabilities,

pT. Note that the probability of incorrect reception of the re-

transmission request packet is set to zero. Recall, that this

distribution is a First Passage Time (FPT) till absorption in a

discrete time Markov chain. As one may observe, for small
values of pT the PMF nearly follows geometric distribution.

When pT or N or both get higher the distribution is no longer

geometric and resembles the properties of binomial distri-

bution. For all the input parameters the probability of ab-

sorption exponentially decreases when the number of steps

increases implying that the considered system is character-

ized by a lightweight tail distribution. The latter is of special

importance for practical application of the protocol allowing

to set the numbers of retransmission attempts to reasonable

values. As we will observe below this behavior heavily affects

other metrics of interest as well.

Fig. 6 (a and b) demonstrate the Cumulative Distribution

Function (CDF) of the number of retransmission steps till all

the stations get the packet. That is, the probability of absorp-

tion of the proposed Markov model within K number of steps

(i.e., in less than or equal to K number of steps) as defined in

Eq. 11.

Fig. 7 provides the residual loss probability for an ar-

bitrary station for different data packet loss probabilities

against increasing number of stations. Recall that this met-

ric is the probability that after k retransmission attempts a

station still misses the broadcast packet. As one may observe

it is extremely small even for large data packet loss proba-

bilities implying that few retransmission attempts are suffi-

cient for cover most of the stations. Furthermore, the proba-

bility stays relatively flat as the number of stations increases.

The practical consequences are important as it implies that

the outcome of the packet distribution is rather independent

from the value of N in large distribution scenarios. In the real

system we expect that by increasing the number of stations,

the chance of getting the packet increases slightly, because

other stations transmitting a retransmission request could
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(b) After 3 trials.

Fig. 7. Residual loss probability.

Fig. 8. Probability distribution of the number of unsuccessful receivers after k attempts.

Fig. 9. Overhead of error recovery in terms of the nr. of retransmissions.
compensate for a station’s retransmission request being lost.

However, this effect is too small to be visible in the results.

Another metric of interest we address is the probabil-

ity distribution of the number of unsuccessful receivers af-

ter k retransmission attempts. It is the ith element of the

state probability vector given by multiplying the initial state

probability vector to the transition probability matrix to the

power of k, as given in Eq. 5. Fig. 8 illustrates this proba-

bility distribution for one and two retransmission attempts

for N = 50. Observing it one may deduce that increasing the

packet loss probability the probability of not being absorbed

in the states with higher numbers increases, while the curve

gets wider as well, implying more relaxed probability distri-

bution over the range of system states, which is exactly 50 for

this case. The evolution of the system states can be observed
comparing PMFs after one and two retransmission requests.

As we see the PMF for two retransmission attempts has its

probability mass concentrated closer to zero implying that

the number of stations not having the packet decreases.

Fig. 9 shows the number of retransmissions as a result of

overhead of error recovery versus the data packet loss prob-

ability and number of receivers. As expected, the number of

retransmissions required for successful delivery of the packet

increases either by increasing the data packet loss probability

and/or number of receivers. For smaller values of loss proba-

bility the number of retransmissions does not change notice-

ably when the number of receivers increases. However, for

higher values of loss probability there is bigger gap among

the number of retransmissions needed for different num-

ber of receivers. Note that the first step presents the original
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Fig. 10. Mean per receiver packet distribution delay.

Fig. 11. Mean packet distribution delay.
transmission of the packet. Overall, the overhead scales very

well with increasing number of receivers.

5.2.2. Delay-related metrics

Figs. 10 (a and b) demonstrate the mean delay experi-

enced by an arbitrary station to receive the packet for dif-

ferent number of receivers and packet loss probability pT, re-

spectively. As one may observe the delay increases exponen-

tially when pT increases. While this is not a desirable feature

as we always prefer a linear increase, such exponential in-

creases is inherent for most communication protocols. Re-

sults, similar to those illustrated in Figs. 10(a and b) could

be used to assess protocol’s delay behavior quantitatively for

any set of input parameters.

Fig. 11 quantifies the effect of input parameters on the

mean delay response of the system. In particular, the mean

delay as a function of the number of receivers for three dif-

ferent data packet loss probabilities is shown in Fig. 11a. As

expected, the mean packet delay increases nearly exponen-

tially as the number of receiving nodes N increases. The ef-

fect of the data packet loss probability is also exponential for

small values of pT as shown in logarithmic scale in Fig. 11b.

However, for larger values of pT the mean delay increases lin-

early rather than exponentially for all considered values of

the number of receiving stations. It reveals that the number

of nodes failing to successfully receive the packet increases

as either the number of nodes or the data packet loss prob-

ability increases. Accordingly, higher number of nodes back-

off to send retransmission requests. For all the missing nodes

to receive the packet, higher number of retransmission re-

quests are sent, resulting in the increased mean end-to-end
delay. Note that in Figs. 11(a and b) the retransmission re-

quest packet loss probability is set to zero.

Finally, Fig. 11c demonstrates the mean delay as a function

of the data packet loss probability for three different retrans-

mission request loss probabilities and N = 15. As one may ob-

serve, the effect is similar to that of the data packet loss prob-

ability pT. Additionally, when pT and pR are both not zero the

effect is qualitatively similar.

6. Conclusions

We have developed an analytical model of a receiver-

based reliable broadcast approach. We evaluated its perfor-

mance via experiments based on the analytical model. We

demonstrated that it captures the protocol behavior reason-

ably by validating the model via NS-3 simulations. The spec-

ifications, playing the main role in system performance, are

considered as inputs to the model. Accordingly, we obtained

and analyzed system-oriented performance measures and an

extended set of results, providing a deeper insight to the sys-

tem. The proposed model is general enough and allows for a

number of extensions.

Our main performance metric is end-to-end delay and

the model demonstrates that the delay performance of the

system scales exponentially with the increase in the num-

ber of stations and (data and retransmission request packet)

loss probabilities. Hence, while sender-based reliability ap-

proaches do have scalability problems due to storms of ac-

knowledgements, this receiver-based approach is also lim-

ited in its scalability if full reliability is to be achieved.

Nevetheless, it is apparent from our analysis that even with
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high number of receivers and high packet loss probabilities,

data can be reliably distributed within a limited number of

retransmission attempts. The analysis shows that in a single-

hop scenario, receiver-based reliable broadcasting can pro-

vide good reliability, while giving very little overhead for

high number of receivers.

The current model contains several assumptions, mainly

it takes the effect of collisions into account only through

a load-independent loss probability. For systems with low

number of nodes (up until approximately 20) and/or large

contention windows the proposed system demonstrates re-

sults close to simulations. However, when these require-

ments are not satisfied we have to explicitly take collisions

into account. Besides, the current model applies for the one-

hop communication scenario. Modeling the protocol behav-

ior in a multi-hop communication scenario and further tak-

ing into account the effect of collisions are the topics of on-

going work.
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