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5. Summary of Research Proposal
i. Research Topic: 
Simulate an adaptive jitter buffer and study the behavior of AMR-WB in Voice over IP environment.
ii. Introduction /Problem Statement:
Transmitting real – time audio or video applications over the Internet is a challenge in the current technology. Voice over Internet Protocol (VoIP) provides improved features like flexible call routing, unified messaging, call center and network multimedia applications which in turn provide reduced costs and improvised services for distance learning, customer support, and remote sales presentations.

The integration of voice, video, and data encounters a variable amount of jitter and delay. Typical packet loss ranges from 0 to 20 percent and one-way delay from 5 to 500 milliseconds. Reducing jitter delay involves buffering of audio packets at the receiver so that the slower packets arrive sequentially on time at the destination. Adaptive jitter buffering at the receiver improves the quality of voice connections on the internet.
In this thesis, we will simulate the adaptive jitter buffer and will change the codec’s from a higher bit rate to a lower bit rate and vice versa during established call session thus reducing the packet loss and improving the call performance. A simulation model will be shown to support this proposal. Various tests will be conducted to analyze the performance of a number of calls and bandwidth by varying one and keeping the other constant.
This project is intended to study the AMR-WB in VoIP environment. For this we will simulate adaptive jitter buffer which supports all the AMR-WB codecs. We will study the performance of AMR-WB by varying the number of calls and Bandwidth while keeping the other constant. This program will be designed in C-Sharp. Where C-Sharp has a programming environment for algorithm development, data analysis, visualization, and numerical computation.
iii. Problem Statement:

Simulate an adaptive jitter buffer and study the behavior of AMR-WB in Voice over IP environment. As discussed above jitter buffer management and AMR-WB has a vital part in VoIP communication. For this reason, its implementation and management needs to be faultless in acquiring the required quality of service.

iv. Objectives: 
The objective of this project is to design and study the performance of AMR-WB in VoIP with adaptive jitter buffer.
v. [bookmark: OLE_LINK7][bookmark: OLE_LINK8]Methodology:
a. RTP Payload format and file storage format for the Adaptive Multi-Rate Wideband (AMR-WB) audio codecs. 
RFC-4867 document specifies the payload format for packetization of AMR-WB encoded speech signals into the Real-time Transport Protocol (RTP).  The payload format supports transmission of multiple channels, multiple frames per payload, and the use of fast codec mode adaptation, robustness against packet loss and bit errors, and interoperation with existing AMR-WB transport formats on non-IP networks
b. Design and Implementation of Adaptive Jitter buffer.

Jitter introduced as a result of internal operations in the network. Queuing and buffering of the data in the network, packet re-routing, packet loss, network multiplexing, and other similar factors can cause jitter.
The 3GPP TS 26.114 shows the specification and requirements of jitter buffer. In the following paragraph(s), Jitter Buffer Management (JBM) denotes the actual buffer as well as any control, adaptation and media processing algorithm (excluding speech decoder) used in the management of the jitter induced in the transport channel. An illustration of an exemplary structure of an MTSI speech receiver with adaptive jitter buffer is shown in figure to clarify the terminology and the relation between different functional components.



c. Design and Implementation of Adaptive Multi Rate Wideband (AMR-WB) speech codec.
The AMR-WB speech coder consists of the multi-rate speech coder, a source controlled rate scheme including a voice activity detector and a comfort noise generation system, and an error concealment mechanism to combat the effects of transmission errors and lost packets. 
The multi-rate speech coder is a single integrated speech codec with nine source rates from  6.60 kbit/s to 23.85 kbit/s, and a low rate background noise encoding mode. The speech coder is capable of switching its bit-rate every 20 ms speech frame upon command.
A reference configuration where the various speech processing functions are identified is given in Figure. In this figure, the relevant specifications for each function are also indicated.
In Figure, the audio parts including analogue to digital and digital to analogue conversion are included, to show the complete speech path between the audio input/output in the User Equipment (UE) and the digital interface of the network. The detailed specification of the audio parts is not within the scope of this document. These aspects are only considered to the extent that the performance of the audio parts affects the performance of the speech transcoder.
[bookmark: _Ref429798051][image: ]
Figure 1: Overview of audio processing functions
1)	8-bit A‑law or μ-law PCM (ITU-T recommendation G.711), 8000 samples/s
2)	14‑bit uniform PCM, 16 000 samples/s
3)	Voice Activity Detector (VAD) flag 
4)	Encoded speech frame, 50 frames/s, number of bits/frame depending on the AMR-WB codec mode 
5)	Silence Descriptor (SID) frame.
6)	TX_TYPE, 3 bits, indicates whether information bits are available and if they are speech or SID information 
7)	Information bits delivered to the 3G AN 
8)	Information bits received from the 3G AN 
9)	RX_TYPE, the type of frame received quantized into three bits
10)	Silence Descriptor (SID) flag
11)	Time Alignment Flag (TAF), marks the position of the SID frame within the SACCH multiframe

d. Design and Implementation of VoIP. 
Problems:
1. Which jitter buffer algorithm will be used?
a. Exponential Average
b. Fast Exponential Average
c. Minimum Delay
d. Spike detection
e. Window
f. Gap Based
2. Can we use TS 26.114 for the designing of VoIP?
3. Which protocol will be use to simulate, H.323 or SIP?
4. What are the basic requirements of VoIP implementations?

6. Literature review
· RFC-4867, for RTP payload format for AMR-WB. Network Working Group
· 3GPP, Technical Specification Group Services and System Aspects, 3GPP TS 26.114 V7.17.0 (2012-06)
· 3GPP, Technical Specification Group Services and System Aspects, 3GPP TS 26.171V10.0.0 (2011-03).
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image1.emf
 

BUFFER  

  ADAPTATION UNIT     NETWORK  ANALYSER  

  SPEECH  DECODER  

  ADAPTATION  CONTROL  LOGIC  

Buffer status  

Reception   status  

Decoded  speech    

Frame  

Scaling  request  

Scaling  window  

External   control  

Speech out   

Jitter buffer  delay  

Adaptation  status    

RTP payload 


oleObject1.bin
		


		DOCUMENTTYPE

		

		1 (1)



		

		

		

		



		TypeUnitOrDepartmentHere

		

		

		



		TypeYourNameHere

		TypeDateHere

		

		








[image: image1]

RTP payload







BUFFER











ADAPTATIONUNIT











NETWORK ANALYSER











SPEECH DECODER











ADAPTATION CONTROL LOGIC







Buffer status







Reception status







Decoded speech 







Frame







Scaling request







Scaling window







External control







Speech out 







Jitter buffer delay







Adaptation status 











_935227290.doc







image2.wmf
8bit / A-law

to

14-bit

uniform

LPF

A/D

1

2

MS side only

BSS side only

(narrowband speech)

TS 26.190

GSM 03.50

TRANSMIT SIDE

Speech

Encoder

Comfort

Noise

TX

Functions

Voice

Activity

Detector

DTX

Control

and

Operation

3

6

4

5

6

7

SID frame

Speech frame

VAD

14-bit

uniform

to

8bit / A-law

LPF

D/A

1

8

MS side only

BSS side only (narrowband speech)

GSM 03.50

RECEIVE SIDE

Speech

Decoder

Speech

frame

substitution

DTX

Control

and

Operation

4

5

9

10

SID frame

Speech frame

Comfort

Noise

RX

Functions

11

2

SP

flag

Info.

bits

BFI

Info.

bits

SID

TAF

Up

sampling

1:2

BSS side only (wideband speech)

14-bit

uniform

2

TS 26.190

TS 26.190

TS 26.190

TS 26.192

TS 26.192

TS 26.194

2

14-bit

uniform

BSS side only (wideband speech)

Down

sampling

2:1

TS 26.191

TS 26.193

TS 26.193


