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Abstract

In this paper new, lightweight security and control protocol for Voice over Internet Protocol
(VoIP) service is presented. It is the alternative for the IETF’s (Internet Engineering Task Force)
RTCP (Real-Time Control Protocol) for real-time application’s traffic. Additionally this solution
offers authentication and integrity of voice send and it is capable of exchanging and verifying QoS
and security parameters. It is based on two information hiding techniques: digital watermarking
and steganography. That is why it does not consume additional bandwidth and the data transmitted
is inseparably bound to the voice content.

1. Introduction

Nowadays two most important fields which Voice over Internet Protocol
(VoIP) lacks provide certain Quality of Service (QoS) parameters and security
considerations [1]. In this paper we consider a new protocol that covers both
those fields simultaneously. It provides information that is vital to control the
network conditions and to verify authentication of the source and data integrity.

In TCP/IP networks VoIP, which is a real-time service, uses RTP (Real-Time
Protocol) with UDP (User Datagram Protocol) for transport of digital streams.
Currently there is one control protocol for RTP and it is RTCP (Real-Time
Control Protocol) [2]. It is designed to monitor the Quality of Service (data
delivery) and to convey information about the participants in an on-going
session. RTCP operates mainly on exchanging two special reports called:
Receiver Report (RR) and Sender Report (SR). Parameters that are enclosed in
those reports can be used to estimate the network status. We propose a new
protocol that uses two techniques: digital watermarking and network
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steganography to achieve analogous functionality like RTCP but moreover,
offers additional advantages. The most important one is that it includes also
security verification of the transmission source and the content sent
(authentication and integrity). This solution does not consume transmission
bandwidth, because the control bits (a header of the new protocol) are
transmitted in a covert (steganographic) channel and data (QoS and the security
parameters) is inseparably bound to voice content as a watermark.

The paper is organized as follows. In Section 2 both techniques, digital
watermarking and steganography, are described. Next, we give details about the
proposed solution in Section 3. Finally, we end with conclusions in Section 4.

2. Information Hiding techniques

Information Hiding has two subdisciplines and they are Steganography and
Digital Watermarking. The general difference between those two techniques is
that steganography’s aim is to keep the existence of the information secret and in
watermarking to render it imperceptible. In this section we will characterize
shortly both those techniques briefly.

2.1. Steganography

Steganography is a process of hiding secret data inside other, normally
transmitted data, so in ideal situation, anyone scanning data will fail to know it
contains covert data. In modern digital steganography, data is inserted into
redundant (provided but often unneeded) data, e.g. fields in communication
protocols, graphic image, etc. For TCP/IP steganography (or network
stenography) the most important fact is that a few fields in the packet’s headers
are changed during transit. So we can exploit for our solution a covert channel,
which is a method of communication that is not a part of an actual computer
system design, but can be used to transfer information to users or system
processes that normally would not be allowed access to the information.

In TCP/IP stack, there is a number of methods available, whereby covert
channels can be established and data can be exchanged secretly between hosts as
stated in [3]. As we wrote earlier an analysis of the headers of typical TCP/IP
protocols e.g. 1P, UDP, TCP, HTTP, ICMP results in fields that are either
unused or optional. This reveals many possibilities where data can be potentially
stored and transmitted.

For VoIP and our solution we will exploit unused/optional fields in
IP/UDP/RTP packets because those protocols are used in almost all IP telephony
implementations. As described in [4] IP header alone posseses a few fields that
are available to be used as a covert channel. The total capacity of those fields
exceeds 60 bits per packet. And we can deploy also unused UDP and RTP
protocols fields. In [4,5] and [6] different methods of hidden transmission are
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uenerally, auaio watermarking aigorithm is based on two functions:
embedding of the watermark into voice and its extraction. As soon as the
conversation begins, certain information is embedded into the voice samples and
sent through the communication channel. Then, the watermark is extracted from
those samples before they reach the callee and the information retrieved is
verified. If the watermark’s data sent is correct, the conversation can be
continued.
























