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Abstract— Estimation and Measurement of packet loss features are challenging due to the relatively rare typically and 
happening short period of packet loss episodes. Measurement and study of numerous network traffic characteristics have 
played a main role for development of various network protocols and machine. Traffic parameters like holdup, loss, 
bandwidth, jitter etc. are of due interest to design effective network machines. . The objective of our study is to understand 
how to measure packet loss episodes correctly with end-to-end probes. Services which can be used to measure loss and delay 
like PING, but it is having less result as it is suffered from loss asymmetry difficulty. While active probe features are usually 
used to calculate the packet loss on end-to-end paths, there has been little analysis of the accuracy of these tools or their 
effect on the network. We go through and study the testing ability of standard Poisson- modulated end-to-end measurements 
of loss in a forbidden laboratory environment by using IP routers and commodity end hosts. We find out in our study that 
data loss features accounted from such Poisson-modulated probe measures can be pretty incorrect over a range of traffic 
situations. End-to-end active measurements using probes is one way to calculate packet loss and delay in the network and is 
an element of our study to find out the network reliability. However there is another measurement approach which we could 
have used known as passive measurement where we can merely determine network traffic without inserting any packet in the 
network. Inspired by these inspections, we introduce a new algorithm for packet loss determination that is made to overcome 
the limitations in estimate the capabilities of our methodology experimentally by expanding and implementing a prototype 
tool, known as BADABING. The experiments illustrates the trade-offs among impact on the network and measurement 
correctness. We demonstrate that BADABING reports loss features far more correctly than traditional loss determination 
tools. The aim of our investigation is to know how to measure packet loss episodes correctly with end-to-end probes. We 
begin by checking the ability of standard Poisson-modulated end-to-end measurements.  Inspired by these observations, we 
introduce a new packet scrutiny algorithm for packet loss determination that is made to overcome the limitations in standard 
BADABING and Poisson-based tools.   
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I. INTRODUCTION 
 
There are various interrelated factors which have 
substantial effect on the communication such as 
bandwidth, jitter, load etc. Although packet loss can 
have a huge effect on the performance of both UDP 
and TCP- based applications. Measuring and 
examining network traffic dynamics among end hosts 
has provided the base for the advancement of various 
different network protocols and systems [3]. Of 
particular significance is under-standing packet loss 
behavior because loss can have a great effect on the 
performance of both TCP- and UDP-based 
applications. Most of the attempts have been done by 
network operators and engineers to limit loss and 
maintain the related parameters for sound transport of 
data between end hosts. Network transport protocols 
like TCP provide for trustworthy delivery of packets 
[7]. In the case of packet loss, the receiver requests 
for retransmission or the sender automatically resends 
any segments that have not been identified [1]. 
Although TCP can recuperate from packet loss, 
retransmitting missing packets causes the throughput 
of the connection to decrease. Applications which use 
UDP are expected to define their own methods for 
handling packet loss [6]. 
However loss will probably never be eradicated 
because of the intrinsic dynamics of traffic in packet 

switched network. Losses of about 10% of the whole 
packet stream will influence the quality significantly 
[9]. On the other hand, when sending a web page or 
text document, a single dropped packet could result in 
losing fraction of the file, where the packet 
retransmission ideas are used. The most frequently 
used tools for probing end-to-end paths to calculate 
packet loss resemble the ubiquitous PING service 
[10]. There are trade-offs in packet loss 
measurements among measurement accuracy, impact 
on the path, timeliness of results and probe rate. We 
start by executing the basic UDP probe procedure 
between two hosts in a managed LAN.   
 
II. PROPOSED SYSTEM 
 
Our proposed system is based on two different 
approaches. The system architecture is same for both 
the processes but the underlying concepts is different 
in terms of packet loss measurement method. Here 
we try to simulate the algorithmic concepts and find 
if the results obtained are in close proximity to that of 
the one executed in a basic algorithm which is used in 
BADABING-a prototype tool [4]. Though proposed 
method is not executed for complicated broad 
network system, but by removing the complication 
we work at a local network system with the same 
approach to estimate the idea.  Our approach added 
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transmitting a sequence of probes, each consisting of 
one or more very closely spaced packets. The aim of 
this probe procedure is to obtain the state of the 
network at the instant of probing. As a result, the 
record for every probe specifies if it encounters an 
enough delay or loss of packets within the probe [3]. 
The order of sending of data in terms of probes is 
organized into set of research. After performing the 
experiment we can say whether or not a packet lost 
encounters and the potency of lost in terms of 
percent. We can also decide uncongested and 
congested state of network i.e. beginnings and 
endings of loss episodes. By performing this 
computation we can estimate the time period of loss 
episode. The total experiment consists of serial of 
number of probe total for both the methods as 
described below. This probe procedure continues for 
some time to obtain the results.   

 
Fig1. Packet Separation & Packet Loss calculation using queue 

 

 
Fig2.Approch of Active Packet Loss Measurement 

 
Though proposed method is not executed for 
complicated broad network system, but by removing 
the complication we work at a local network system 
with the same approach to estimate the idea.   
 
Proposed System Approaches  
Our approach added transmitting a sequence of 
analysis, each consisting of one or more very closely 
spaced packets. The aim of this probe procedure is to 
obtain the state of the network at the instant of 
probing. As a result, the record for every probe 
specifies if it encounters an enough delay or loss of 
packets within the probe [9]. The order of sending of 
data in terms of analysis is organized into set of 
research. After performing the experiment we can say 
whether or not a packet lost encounters and the 
potency of lost in terms of percent. We can also 
decide uncongested and congested state of network 

i.e. beginnings and endings of loss episodes. By 
performing this computation we can estimate the time 
period of loss episode. The total experiment consists 
of serial of number of scrutiny total for both the 
methods as described below. This scrutiny procedure 
continues for some time to obtain the results.   
 
III. IMPLEMENTATION 
 
First, we explain a scrutiny, a set consist of one or 
more very strongly spaced (i.e., back-to-back) 
packets [5]. The cause for using multi-packet analysis 
is that not all packets passing through a congested 
link are subject to loss; constructing analysis of 
multiple packets enables a more correct determination 
to be made. Our first method uses simple scrutiny 
method to send the packets from sender to receiver in 
discrete time clues. The sender keeps the time record 
of sent packets and waits for the [8] 
acknowledgement to get. If the acknowledgement is 
not received for particular time duration the packet is 
supposed to be the lost one. After the 
acknowledgement packet hits to the sender, it records 
the get time. This is necessary to find the round robin 
time (RRB) on the link under kindness. This 
parameter gives an idea about the possibility of 
congestion in the link. Comparing the values of round 
robin time we can defend the traffic conditions on the 
network.  
Now let’s consider ts1 be the time stamp at the sender 
s1 be the time stamp at the receiver then the time 
taken by the packet to reach from sender to receiver is 
tt1 ms. 
 tt1=s1-ts1  
In the same way, let s2 be the time stamp at the 
receiver for the echo packet which starts its journey 
back as of receiver to sender and ts2 be the time 
stamp at the sender when packet get it.   

Then time in use by the packet to arrive at from 
receiver to sender is tt2 ms,                       
   tt2=ts2-s2  
Now calculate RRB between the end hosts as,   
RRB=tt1+tt2 ms 
The round journey time computed when plotted on 
graph, it gives an idea about the delay experienced by 
each packet which added processing delay, 
propagation delay and waiting delay in a queue. In 
practice it can be easily found that most of the 
packets missing are preceded by higher value of 
RBB. But this is not only the cases of packet loss, as 
other reasons are also probable. Sudden failure of link 
may also cause high volume of packet loss. However 
this case is not considered for our execution as we 
consider the link or network to the reliable one.   
Analyzing and measuring network traffic dynamics 
between end hosts has available the foundation for 
the improvement of various different network 
systems and protocols of specific importance is 
under-standing packet loss behavior since loss may 
have a significant impact on the performance to both 
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TCP- and UDP-based applications. Despite efforts of 
operators and network engineers to limit loss, that 
will probably never be eliminated due to the intrinsic 
Scaling and dynamics properties of traffic in packet 
switched network. Network operators have the 
capability to passively monitor nodes within their 
network for the packet loss on routers using SNMP. 
End-to-end active measurements using probes 
available an equally valuable perspective since they 
show the situations that application traffic is 
experiencing on those paths. 
There are according to our Study involves the 
empirical evaluation of our new loss measurement 
methodology. To its end, we improved a one-way 
active measurement tool called BADABING. 
BADABING sends fixed-size probes on particular 
intervals from one measurement host to a 
collaborating goals host. The target method collects 
the probe reports and packets the loss characteristics 
after the particular period of time. We also compare 
BADABING with a standard tool for loss 
measurement It emits probe packets on Poisson 
intervals. There results show that our tool reports loss 
episode estimates much more accurately for the 
similar amount of probes. There will we also show 
that BADABING estimates converge to the 
underlying loss episode duration and frequency 
characteristics. Our observations about the 
weaknesses in standard Poisson probing encourage 
the second part to our study: the improvement of a 
new approach for end-to-end loss measurement that 
comprises four key elements. First, we design a probe 
procedure that is geometrically distributed and that 
assesses the likelihood of loss experienced through 
other flows that use the similar path, rather than 
merely reporting that own packet losses. The probe 
procedure assumes FIFO queues along the path with 
the help of drop-tail policy. Second, there can we 
design a new experimental framework with the help 
of estimation techniques that directly estimate the 
mean duration to the loss episodes without estimating 
the duration to any specific loss episode. We are 
estimators proved to be consistent, under mild 
assumptions to the scrutiny procedure 
 
Algorithm 
 
Step 1: Select the new file which send over the 
network. 
Step 2: Read Byte from file and store them int byte 
array which is to be send over the network. 
Step 3: Set the packet size according to n byte. 
                     Rem = filesize%n 
                     If (rem==0) 
                      Then  
                                  Packet = (filesize) /n 
                                  Else  
                                     Packet = (filesize/n) +1 
Step 4: find out the last packet  
                       R= filesize – rem 

Get content of last packet  
L = read K data from file 
Step 5: store all data in packets having n size 
            Packet [i] = readdata n data from file and 
store them into packet till end of file. 
Step 6: Add last packet  
             Packet [i] = LP; 
Step 7: Open socket and send all packets over the 
network. 
Socket.writeUTF (PACKET [I]); 
Step 8: end of algorithm. 
 
(2) Step 1: [open server socket] 
Step 2: Read packet using… 
             Packet[i] read UTF () 
Step 3: get the filesize and count total packets  
Total packets = filelength/1024 
transferrate = totalpackets/delay; 
Step 3: find out the last data 
totalbytes = total byte received three packets 
Step 4: Find out the lost packets 
lp= (total bytes)/ (totalbytes)+a; 
lb = (double) lp / 1024; 
Step 4: End of algorithm. 
 
We start our experiment by first implementing the 
sender on host. The sample data for testing is 
available in the form of file to be opened. After 
opening the file it is ready to be sent to the receiver. 
No of packets are created based on the size of the 
sample data (file). We have  
NoOfPackets=Size of File (bytes) / n  
Here we can change the size of packets to perform 
different experiments and examine results to study 
the effect of size on measurement approach. Usually 
we keep it small. Start time is the time when the 
sending procedure of packets starts. End time is the 
time when the last packet sending is finished. So,  
delaytime = End time - Start Time  
We call it transfer time. Scrutiny size defines the no 
of packets to send in one go and sleep time gives the 
time to separate the analysis shot. The reason for 
having sleep time is to simply give a relief to network 
to recover from the congestion if any. It results the 
following analysis may observe different traffic 
scales. Once we start sending the scrutiny data, the 
receiver starts receiving packets one by one. The 
holdup experienced by the packet depends on the load 
in the network. Once the packet reached at the 
receiver it now replies in terms of acknowledgement 
to the sender. The sender not getting the 
acknowledgement for the packet it has sent, we say 
packet loss occurs. Thus we can measure packet loss 
in one direction i.e. from sender to receiver.  
Now what occurs if instead of packet the 
acknowledgement is lost? This is still treated as a loss 
of packet.  
The time needed to stop the process is end time and 
required time is the quantity of time it takes to finish 
sending of all packets.  The receiver program, it starts 
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showing the packets till packets start arriving at the 
receiver. Here received packets are same as that of 
the sent.   
 
CONCLUSIONS 
 
Packet loss features have been measured using simple 
Packet Scrutiny process. This process can be used to 
determine the delay and loss which is useful to study 
network problems. Also this is used to analyze end-
to-end characteristics over different time scale of 
connection and it can be easily extended to use on the 
Internet. The behaviors of end-to-end round trip 
holdups over short periods are examined. Also round 
trip holdup is measured for every packet and then 
average over a group of probe size is calculated and 
found having negligible impact in change of RRB. 
Various paths, i.e. source-destination pairs are 
considered for calculating results. However the 
simple probe process of UDP is suffering the 
difficulty of loss asymmetry i.e. we cannot predict 
whether the sent packet is missing or its 
corresponding acknowledgement is lost. To overcome 
this condition the balanced process model have been 
used in which the packets are compared at both the 
ends and loss features are computed. It is found that 
probe process needs to be forced with more and more 
use of Mathematical foundation. Measurement of loss 
characteristics in name of probe becomes difficult if 
we encounter continuous loss of packets. Even 
though many efforts have been undertaken and results 
are obtained described in various studies, the end-to-
end act of the Internet remains an area which 
deserves more research attention. Large Packet size 
can be considered as a one metric for future study as 
the discussed experiments do not take large packet 
size in account. The study and performance for the 
bulky size data transmission is also a significant 
issue.  
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