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Abstract
Load-balancing algorithms are introduced for distributing Session 
Initiation Protocol (SIP) which requests to a cluster of SIP servers 
for different purpose. Here the algorithm used are enhancing both 
in throughput and response time to different user. This paper build 
a prototype of our system using Linux operating system. We have 
used Transaction Least-Work-Left (TLWL) algorithm has got a 
leading role in and recognizing variability in different parameter 
in processing costs for different SIP transactions. By combining 
different features of different algorithm, and provides a good 
response-time improvements as well we present a detailed analysis 
to show how our algorithms significantly reduce response time.
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I. Introduction
SIP Servers are essential network elements that enable SIP endpoints 
to exchange messages, register user location, and seamlessly move 
between networks. SIP Servers enable network operators to install 
routing and security policies, authenticate users and manage user 
locations. SIP Server applications may take many forms, but the 
SIP standard defines three general types of server functionality 
that apply to all Proxy, Redirect and Registrar servers. These 
standard functionalities can be used according to the needs of 
the specific implementation. A SIP Server can also function as 
a Presence Server or a Back-to-Back User Agent (B2BUA). 
In addition, since SIP defines other event types, such as Winfo 
and Register, a SIP Server may function as an Events Server 
for handling the various SIP events. With the advance of SIP, 
server logic has become increasingly complex. SIP Servers need 
to deal with varying network topologies (such as public Internet 
networks, cellular networks, broadband residential networks), 
complex routing policies, security and SIP extensions. SIP Servers 
often need to handle high message/transaction rates and yield 
real-time performance and scalability, high throughput, and low 
delay. This chapter discusses the protocol aspects of SIP Server 
behavior and the usage of the RADVISION SIP Server Platform 
to address the challenges of effective SIP Server development.
This paper presents and evaluates several algorithms for balancing 
load across multiple SIP servers. We introduce new algorithms 
that outperform existing ones. Our work is relevant not just to SIP, 
but also for other systems where it is advantageous for the load 
balancer to maintain sessions in which requests corresponding to 
the same session are sent by the load balancer to the same server. 
SIP has a number of features that distinguish it from protocols such 
as HTTP. SIP is a transaction-based protocol designed to establish 
and tear down media sessions, frequently referred to as calls. Two 
types of state exist in SIP. The first, session state, is created by 
the INVITE transaction and is destroyed by the BYE transaction. 
Each SIP transaction also creates state that exists for the duration 
of that transaction. SIP thus has overheads that are associated both 
with sessions and with transactions, and taking advantage of this 
fact can result in more optimized SIP load balancing.

Fig. 1:  SIP Server Architecture

The session-oriented nature of SIP has important implications 
for load balancing. Transactions corresponding to the same call 
must be routed to the same server; otherwise, the server will not 
recognize the call. Session-Aware Request Assignment (SARA) 
is the process where a system assigns requests to servers such that 
sessions are properly recognized by that server, and subsequent 
requests corresponding to that same session are assigned to the 
same server.
A load balancer can make use of this information to make 
better load-balancing decisions that improve both response time 
and throughput. Our work is the first to demonstrate how load 
balancing can be improved by combining SARA with estimates 
of relative overhead for different requests. SIP is not the only 
protocol that the communicating devices will need. It is not meant 
to be a general purpose protocol. Purpose of SIP is just to make 
the communication possible, the communication itself must be 
achieved by another means (and possibly another protocol). Two 
protocols that are most often used along with SIP are RTP and 
SDP. RTP protocol is used to carry the real-time multimedia data 
(including audio, video, and text), the protocol makes it possible 
to encode and split the data into packets and transport such packets 
over the Internet. Another important protocol is SDP, which is 
used to describe and encode capabilities of session participants. 
Such a description is then used to negotiate the characteristics of 
the session so that all the devices can participate.
 D. C.Anderson, J. S. Chase, and A.Vahdat explores interposed 
request routing in Slice, a new storage system architecture for high-
speed networks incorporating network- attached block storage. 
Slice interposes a request switching filter— called a µproxy 
—along each client’s network path to the storage service (e.g., 
in a network adapter or switch). The µproxy intercepts request 
traffic and distributes it across a server ensemble. We propose 
request routing schemes for I/O and file service traffic, and explore 
their effect on service structure. The Slice prototype uses a packet 
lter µproxy to virtualize the standard Network File System (NFS) 
protocol, presenting to NFS clients a unified shared file volume 
with scalable bandwidth and capacity. Experimental results from 
the industry- standard SPECsfs97 workload demonstrate that the 
architecture enables construction of powerful network-attached 
storage services by aggregating cost-effective components on a 
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switched Gigabit Ethernet LAN.M. 
Aron and P. Druschel studies the performance of BSD-based TCP 
implementations in Web servers. We find that lack of scalability 
with respect to high TCP connection rates reduces the throughput 
of Web servers by up to 25% and imposes a memory overhead of 
up to 32 MB on the kernel. 
M. Aron, P. Druschel, and W. Zwaenepoel studies mechanisms 
and policies for supporting HTTP/1.1 persistent connections in 
cluster-based Web servers that employ content-based request 
distribution. We present two mechanisms for the efficient, content-
based distribution of HTTP/1.1 requests among the back-end 
nodes of a cluster server. A trace-driven simulation shows that 
these mechanisms, combined with an extension of the locality-
aware request distribution (LARD) policy, are effective in yielding 
scalable performance for HTTP/1.1 requests. 
M. Aron, D. Sanders, P. Druschel, and W. Zwaenepoel present 
a scalable architecture for content-aware request distribution in 
Web server clusters. In this architecture, a level-4 switch acts as 
the point of contact for the server on the Internet and distributes 
the incoming requests to a number of back-end nodes. The switch 
does not perform any content-based distribution. architecture, 
and we demonstrate its superior scalability by comparing it to 
a system.
V. Cardellini, E. Casalicchio, M. Colajanni, and P. S. Yu The 
overall increase in traffic on the World Wide Web is augmenting 
user-perceived response times from popular Web sites, especially 
in conjunction with special events. System platforms that do not 
replicate information content cannot provide the needed scalability 
to handle large traffic volumes and to match rapid and dramatic 
changes in the number of clients. 

II. System Analysis

A. Existing Sysem
THE SESSION Initiation Protocol (SIP) is a general-purpose 
signaling protocol used to control various types of media sessions. 
SIP is a protocol of growing importance, with uses in Voice over 
IP (VoIP), instant messaging, IPTV, voice conferencing, and 
video conferencing. Wireless providers are standardizing on SIP 
as the basis for the IP Multimedia System (IMS) standard for 
the Third Generation Partnership Project (3GPP). Third-party 
VoIP providers use SIP (e.g., Vonage, Gizmo), as do digital voice 
offerings from existing legacy telecommunications companies 
(telcos) (e.g., AT&T, Verizon) as well as their cable competitors 
(e.g., Comcast, Time-Warner).

A frequent mechanism to scale a service is to use some form • 
of a load-balancing dispatcher that distributes requests across 
a cluster of servers.
Almost all research in this space has been in the context of • 
either the Web (e.g., HTTP) or file service (e.g., NFS).

Disadvantage of Existing System
Their load balancer is content unaware because it does not • 
examine the contents of a request.

Proposed System
SIP is a transaction-based protocol designed to establish and • 
tear down media sessions, frequently referred to as calls.
The session-oriented nature of SIP has important implications • 
for load balancing. 
Transactions corresponding to the same call must be routed • 
to the same server; otherwise, the server will not recognize 

the call. Session-aware request assignment (SARA) is the 
process where a system assigns requests to servers such 
that sessions are properly recognized by that server, and 
subsequent requests corresponding to that same session are 
assigned to the same server.

We introduce new algorithms that outperform existing ones. Our 
work is relevant not just to SIP, but also for other systems where 
it is advantageous for the load balancer to maintain sessions in 
which requests corresponding to the same session are sent by the 
load balancer to the same server.
This paper makes the following contributions. 

We introduce the novel load-balancing algorithms CJSQ, • 
TJSQ, and TLWL, described above, and implement them 
in a working load balancer for SIP server clusters. Our 
load balancer is implemented in software in user space by 
extending the OpenSER SIP proxy. 
We evaluate our algorithms in terms of throughput, response • 
time, and scalability, comparing them to several standard 
“off-the-shelf” distribution policies such as round-robin or 
static hashing based on the SIP Call-ID. Our evaluation tests 
scalability up to 10 nodes. 
We show that two of our new algorithms, TLWL and TJSQ, • 
scale better, provide higher throughputs, and exhibit lower 
response times than any of the other approaches we tested. The 
differences in response times are particularly significant.

For low to moderate workloads, TLWL and TJSQ provide response 
times for INVITE transactions that are an order of magnitude lower 
than that of any of the other approaches. Under high loads, the 
improvement increases to two orders of magnitude.

Adavantages of Proposed System
Relatively less overhead• 
Load balancing can be improved by combining SARA• 

These results show that our load balancer can effectively scale 
SIP server throughput and provide significantly lower response 
times without becoming a bottleneck. The dramatic response time 
reductions that we achieve with TLWL and TJSQ suggest that these 
algorithms should be adapted for other applications, particularly 
when response time is crucial.

III. System Design and Implementation
This section presents the design of our load-balancing algorithms. 
Fig. 3 depicts our overall system. User Agent Clients send SIP 
requests (e.g., INVITE, BYE) to our load balancer, which then 
selects a SIP server to handle each request. The distinction between 
the various load-balancing algorithms presented in this paper is 
how they choose which SIP server to handle a request. Servers 
send SIP responses (e.g., 180 TRYING or 200 OK) to the load 
balancer, which then forwards the response to the client. Note 
that SIP is used to establish, alter, or terminate media sessions. 
Once a session has been established, the parties participating in 
the session would typically communicate directly with each other 
using a different protocol for the media transfer, which would not 
go through our SIP load balancer.
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A. Modules
Session Initiation Protocol1. 
User agents2. 
Transaction-Least-Work-Left3. 
Load balancer4. 

B. Modules Description

1. Session Initiation Protocol
SIP is a signaling protocol designed to establish, modify, and 
terminate media sessions between two or more parties. Several 
kinds of sessions can be used, including voice, text, and video, 
which are transported over a separate data-plane protocol. SIP 
does not allocate and manage network bandwidth as does a 
network resource reservation protocol. SIP messages traverse 
the SIP overlay network, routed by proxies, to find the eventual 
destinations. Once endpoints are found, communication is typically 
performed directly in a peer-to-peer fashion. This work focuses on 
scaling the server, rather than the proxy. SIP can run over many 
protocols such as UDP, TCP, TLS, SCTP, IPv4.

2. User agents
A SIP uniquely identifies a SIP user. This layer of indirection 
enables features such as location- independence and mobility. 
SIP users employ end points known as user agents. These entities 
initiate and receive sessions. They can be either hardware or 
software. User agents are further decomposed into User Agent 
Clients (UAC) and User Agent Servers (UAS), depending on 
whether they act as a client in a transaction (UAC) or a server 
(UAS). Most call flows for SIP messages thus display how the 
UAC and UAS behave for that situation. SIP uses HTTP-like 
request/response transactions. A transaction consists of a request 
to perform a particular method and at least one response to that 
request. The transaction is only completed when a final response 
is received, not a provisional response.

3. Transaction-Least-Work-Left
The Transaction-Least- Work-Left (TLWL) algorithm addresses 
load balancing issue by assigning different weights to different 
transactions depending on their relative costs. Counters are 
maintained by the load balancer indicating the weighted number 
of transactions assigned to each server. New calls are assigned 
to the server with the lowest counter. TLWL estimates server 
load based on the weighted number of transactions a server is 
currently handling. TLWL can be adapted to workloads with other 
transaction types by using different weights based on the overheads 
of the transaction types. In addition, the relative costs used for 
TLWL could be adaptively varied to improve performance. 

4. Load Balancer
The Receiver receives requests which are then parsed by the 
Parser. The Session Recognition module determines if the request 
corresponds to an already existing session by querying the Session 
State. If so, the request is forwarded to the server to which the 
session was previously assigned. If not, the Server Selection 
module assigns the new session to a server using TLWL algorithm. 
For several of the load balancing algorithms, this work may be 
based on Load Estimates maintained for each of the servers. The 
Sender forwards requests to servers and updates Load Estimates 
and Session State as needed. The Receiver also receives responses 
sent by servers. The client to receive the response is identified by 
the Session Recognition module which obtains this information by 
querying the Session State. The Sender then sends the response to 
the client and updates Load Estimates and Session State as needed. 
The Trigger module updates Session State and Load Estimates 
after a session has expired.

C. Experimental Results

1. Response Time
We observe significant differences in the response times of the 
different load-balancing algorithms. Performance is limited by the 
CPU processing power of the servers and not by memory. Fig. 6 
shows the average response time for each algorithm versus offered 
load measured for the INVITE transaction. Note especially that 
the -axis is in logarithmic 

Fig. 2: Average Response Time for BYE. scale.

In this experiment, the load balancer distributes requests across 
eight back-end SIP server nodes. Two versions of Transaction-
Least-Work-Left are used. For the curve labeled TLWL-1.75, 
INVITE transactions are 1.75 times the weight of BYE transactions. 
In the curve labeled TLWL-2, the weight is 2:1. The curve labeled 
Hash uses the standard OpenSER hash function, whereas the curve 
labeled FNVHash uses FNVHash. Round-robin is denoted RR 
on the graph.

2. Throughput
We now examine how our load-balancing algorithms perform in 
terms of how well throughput scales with increasing numbers of 
back-end servers. In the ideal case, we would hope to see eight 
nodes provide eight times the single-node performance. Recall 
that the peak throughput is the maximum throughput that can be 
sustained while successfully handling more than 99.99% of all 
requests and is approximately 300 cps for a back-end SIP server 
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node. Therefore, linear scalability suggests a maximum possible 
throughput of about 2400 cps for eight nodes. Fig. 2 shows the 
peak throughputs for the various algorithms using eight back-end 
nodes. Several interesting results are illustrated in this graph.

Fig. 3: Peak Throughput of Various Algorithms With Eight SIP 
Servers

Fig. 4 shows the CPU profiling results for the load balancer 
obtained via Oprofile for various load levels. As can be seen, 
roughly half the time is spent in the Linux kernel, and half the 
time in the core OpenSER functions. The load balancing module, 
marked “dispatcher” in the graph, is a very small component 
consuming fewer than 10% of cycles. This suggests that if even 
higher performance is required from the load balancer, several 
opportunities for improvement are available. For example, further 
OpenSER optimizations could be pursued, or the load balancer 
could be moved into the kernel in a fashion similar to the IP Virtual 
Services (IPVS) [28] subsystem. Since we are currently unable 
to fully saturate the load balancer on our testbed, we leave this 
as future work. In addition, given that a user averages one call 
an hour (the “busy-hour call attempt”), 5500 calls per second can 
support over 19 million users.

Fig. 4: Load Balancer CPU Profile

IV. Conclusion
This paper introduces three novel approaches to load balancing 
in SIP server clusters. We present the design, implementation, 
and evaluation of a load balancer for cluster-based SIP servers. 
Our load balancer performs session-aware request assignment 
to ensure that SIP transactions are routed to the proper back-end 
node that contains the appropriate session state. We presented 
three novel algorithms: CJSQ, TJSQ, and TLWL. The TLWL 
algorithms result in the best performance, both in terms of response 
time and throughput, followed by TJSQ. TJSQ has the advantage 
that no knowledge is needed of relative overheads of different 
transaction types. 

V. Enhancement
Evaluating our algorithms on larger clusters to further test their 
scalability, adding a fail-over mechanism to ensure that the load 
balancer is not a single point of failure, and looking at other SIP 
workloads such as instant messaging or presence.
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