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 ABSTRACT- 

VoIP (Voice over Internet Protocol) is a growing technology during last decade. It provides the 

audio, video streaming facility on successful implementation in the network. Previously, many IP 

telephony solutions required a digital signal processor (DSP), a CPU to run Voice over IP 

(VoIP) and applications and a network processor to manage packet-based data flows. System-

on-Chip (SoC) design is proposed as an extended methodology to this problem where IP cores of 

embedded processors, memory blocks, interface blocks, and analog blocks are combined on a 

single chip targeting a specific application. The SoC platform includes Hardware part & 

software part. The software part is related to VOIP application configuration & Hardware part 

is represented by VOIP gateway architecture In conventional public switched telephone 

networks (PSTN), entire communication paths were administered by a few authorized telephone 

companies. It was therefore difficult for a malicious person to wiretap conversations over 

telephones because persons who were allowed to access the network were carefully restricted. 

For the internet protocol telephone, or Voice over Internet Protocol (VoIP), which has recently 

shown rapid growth, multiple intermediates exist between the two endpoints (telephones). 

 

 

I. INTRODUCTION 

VOIP lets you make toll-free long distance voice and fax calls over existing IP data networks 

instead of the public switched telephone network (PSTN). Today businesses that implement their 

own VOIP solution can dramatically cut long distance costs between two or more locations. 

Voice communication carried out using the Internet Protocol (IP) for the transport is known as 

Voice over Internet Protocol (VoIP). Traditional phone networks, known as Public Switched 

Telephone Networks (PSTN) used circuit-switching. In Circuit-Switching, resources are reserved 

along the entire communication channel for the duration of the call. Conversely, Internet 

Protocol (IP) uses packet-switching. In Packet-Switching, information is digitally transmitted 

into one or more packets. Packets know their destination, and may arrive there via different 

paths. Currently, the Internet provides large provides large number of services, e.g. e-commerce, 

file-sharing & email, allowing people from all over world to do business, exchange data 

&communicate. A service that is gaining popularity is Voice-over-Internet-protocol (VOIP). 

             The idea behind VOIP is to use the IP network for voice services as an alternative to the 

public switched telecommunication network (PSTN). The advantages over traditional telephony 

include: 

Lower costs per call, especially for long distance calls.  

Lower infrastructure cost compared to the  PSTN. 
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              With the advance of the microelectronic technology, it is possible to integrate a whole 

system into a single FPGA circuit.Thus, a new field which integrate VOIP solutions’ into System 

on chip (SoC) based FPGA circuits is emerging. In this paper, we propose SoC architecture for 

VoIP application.  This is  achieving by adopting the Opencores & Opensource design concept. 

The benefit of using the Opencores/ Open hardware methodology is flexibility, reuse and 

accessibility of the cores at free cost. The SoC platform integrates a hardware part related to the 

VOIP gateway cost. The platform includes Hardware part & software part. The software part is 

related to VOIP application configuration & Hardware part is represented by VOIP gateway 

architecture. In this integrate the following cores: the UART, the OR1200 RISC processor, the 

MAC/Ethernet, the debug interface & memory controller. All the cores are connected through 

the WISHBONE bus interface [3].VoIP, or Voice over Internet Protocol, is a method for taking 

analog audio signals, like the kind you hear when you talk on the phone, and turning them into 

digital data that can be transmitted over the Internet. VoIP can turn a standard Internet 

connection into a way to place free phone calls. The practical upshot of this is that by using some 

of the free VoIP software that is available to make Internet phone calls, you're bypassing the 

phone company (and its charges) entirely. Internet telephony refers to communications 

services voice and/or voice-messaging applications that are transported via the Internet, rather 

than the public switched telephone network (PSTN).The steps involved in originating an VoIP 

telephone call are signaling and media channel setup, digitization of the analog voice signal, 

optionally compression, packetisation, and transmission as Internet Protocol (IP) packets over a 

packet-switched network. On the receiving side similar steps reproduce the original voice stream 

II. LITERATURE REVIEW 

In the audio streaming, the security vulnerabilities are possible on the VoIP server 

during communication between two parties. In the proposed model, [1] first the VoIP system has 

been implemented with IVR (Interactive Voice Response) as a case study and with the 

implementation of the security parameters provided to the asterisk server which works as a VoIP 

service provider. The asterisk server has been configured with different security parameters like 

VPN server, Firewall iptable rules, Intrusion Detection and Intrusion Prevention System. Every 

parameter will be monitored by the system administrator of the VoIP server along with the 

MySQL database. The system admin will get every update related to the attacks on the server 

through Mail server attached to the asterisk server. The main beauty of the proposed system is 

VoIP server alone is configured as a VoIP server, IVR provider, Mail Server with IDS and IPS, 

VPN server, connection with database server in a single asterisk server inside virtualization 

environment. The VoIP system is implemented for a Local Area Network inside the university 

system. 

Paul Fugger & their collogues discusses [2] a highly flexible approach offers the 

possibilities to integrate several interface types, customizable by software download. Additional 

download capabilities facilitate the integration of voice-codecs for voice compression, 

algorithms for silent noise injection, far end line echo cancellation, and fax/modem termination. 

The modular design-style allows reusing all major building blocks in future systems. The 

modular test concept enables separated tests for all parts of the chip as well as configurable self 

tests for easy go/nogo-decisions. The main challenge in applying voice communication within 

data networks is to provide a suitable Quality of Service (QoS). 

Ryouichi Nishimura tells Combination of the secret sharing scheme and the 

multiple-routing technique can provide VoIP communications with confidentiality in a different 

http://communication.howstuffworks.com/analog-digital.htm
http://communication.howstuffworks.com/analog-digital.htm
http://en.wikipedia.org/wiki/Public_switched_telephone_network
http://en.wikipedia.org/wiki/Internet_Protocol
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manner from the VoIPsec. [6] Partially applying the secret sharing to speech compression codes 

reduces the increase of data that are transferred though the network. 

 

III.OVERVIEW OF SoC PLATFORM FOR VOIP 

The basic operating principle of VoIP is illustrates Figure 1 [5]. The human voice initially 

generates an analog signal. This signal is converted into a bit stream by an Analog/ Digital (A/ 

D) converter. And then submitted to a multiple compression process. The Voice frames are 

integrated into a voice packet. First RTP (Real time protocol) packet with a 12 address byte 

header is created. Then an 8-byte UDP packet with the source and destination address is added. 

Finally, a 20 byte IP header containing source and destination gateway IP address is added. The 

packet is sent through the internet where routers and switches examine the destination address. 

When the destination receives the packet, the packet goes through the reverse process for 

playback. A minimal VoIP implementation requires two functionalities 

 
 

Fig1. Operating principle of VoIP[5] 

 First, it should be able to connect to other VoIP phones and, second, voice data should be 

carried by the Internet. The first requirement is fulfilled by using signaling. 

 

A)SoC DESIGN METHODOLOGY 

A design methodology to implement SoC using WISHBONE bus interface. The SoC design flow 

shown in Figure2 One of them is hardware design flow and another one is software design flow 

[4]   Opencores SoC Design Methodology which is based on publishing all necessary 

information for hardware. We adopted Opencores/ Opensource approach to develop SoC 

platform. [3] 

     Creation of the platform begins by creating a library which is composed of public cores suited 

for VOIP purpose. At the top level, the designer specifies hardware & the software part of a 

project.  For hardware part,[3] an HDL file describing all the core of the library created. The 

cores are configured as master or slaves that communicate through the WISHBONE bus 

interface. The software part includes several packages, like the GCC compiler, a debugger & an 

architectural simulator Or1ksim which is an instruction set. 

GNU Tool Chain: 

  The openRISC supports GNU Tool Chain, which consists of GCC,GNU Binutils & GDB. 
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Fig2. Platform Architecture[3] 

GCC: GCC means “Gnu Compiler Collection’. It is an integraed distribution of compilers for 

some primary languages like C,C++,java. Also it is called as GNU C Compiler” 

GNU Binutils: It is a collection of binary tools mainly contain linker & assembler. 

GDB:GDB, the GNU project debugger is to allow user to see what is going on ”inside” the 

program when executing simulator  

 

B)OPEN CORES SoC DESIGN 

A new SoC project can be created by adding, dripping or modifying a new core. This IP ( 

Intelleatual Proprty) reuse strategy facilitates the rapid creation & verification design process. 

 

 
Fig3 . Opencores SoC Design Methodology[3] 

C)VOIP GATEWAY ARCHITECTURE: 

Concerning the hardware part, an OpenRisc based SOC architecture that includes a 32 bits RISC 

processor core and a set of elements needed to provide a VOIP functionality, an OR1K debug 

system for debugging purpose, a memory controller that controls an external Flash and SDRAM 

memory, an Universal Asynchronous Receiver Transmitter (UART), an Audio codec for Voice 

coding, a standard Ethernet that transmit voice packets over The internet and an internal boot 
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memory[3]. All the cores are connected through the WISHBONE bus interface. It is necessary to 

Create a SOC verilog description for the integration of all the IP cores. The VOIP gateway 

architecture is depicted in figure 4 

The WISHBONE uses a master/ slave architecture. That means that functional modules with 

MASTER interfaces initiate data transactions to participating SLAVE interfaces. As shown in 

Figure 4, the master and slave communicate through an interconnection interface. Some signals 

are specific to the master core, others to the slave one and there are common signals shared 

between the master and the slave. the WHISHBONE bus can be configured in different ways 

depending on the application. 

 

 
 

Fig4 .VOIP gateway architecture [5] 

 

IV.CONCLUSION 

                  

In conclusion, by adopting the Opencores/ Opensource design methodology, successfully 

implementation of a SoC Platform which is suited for VOIP applications. Concerning the SoC 

development platform, it could be extended to other system on chip embedded applications The 

proposed system Constitutes SoC that incorporates software & hardware. For hardware part we 

have proposed VOIP gateway Architecture & also integrates large number of cores. For software 

part we manage to validate the design through various test applications. 
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