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Abstract
The focus of this research is on audio streaming of music and songs and in particular the development of an intelligent streaming audio system called SoFI (Song Form Intelligence) that uses pattern matching to hide errors from the listener due to lost/late packets on bursty wireless networks.  Mainstream methods of existing approaches and applications in streaming audio are reviewed, as are methods of pattern matching in the area of Music Information Retrieval.  A potential unique contribution with a new approach to error concealment is identified.  Through the use of potential tools including MPEG-7, Shoutcast and programming languages SoFI aims to place the error hiding aspect of streaming audio on the receiver side whilst receiving the audio stream.  Testing SoFI will involve streaming audio files from a database of audio files and measuring the success of pattern matching and replacement of lost packets in the received audio stream in relation to the original.  A research plan outlining the steps required to complete this project is also provided.
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Introduction

When receiving streaming songs over a low bandwidth wireless connection, users can experience not only packet losses but also extended service interruptions. These dropouts can last for as long as 15 seconds. During this time no packets are received and, if not addressed, these dropped packets cause unacceptable interruptions in the audio stream. A long dropout of this kind may be overcome by ensuring that the buffer at the client is large enough. However, when using fixed bit rate technologies such as Windows Media or Real Audio, this may only be performed by buffering packets for an extended period (10 seconds or more) before starting to play the track. During this period, many users are likely to lose interest or become frustrated.

1.1 Objectives of research

Music, and in particular western tonal music, generally follows a repetitive pattern in that similar portions of a song are repeated which can be exploited when streamed across a network. The main aims of this research are to perform error concealment when packet loss occurs with no noticeable performance loss to the user listening to the streamed audio by exploiting repetition in the audio.  From this research the resultant system SoFI will assume that the audio will be in the form music/songs and in particular the structure of western tonal music.  The primary objectives are summarised as follows:

· To match the current section of a song being received with previous sections.

· To identify incomplete sections and accurately determine replacements based on previously received portions of the song.

· To use cognitive techniques to perform error concealment of packet loss based on a rule-based approach built from a predefined knowledge base and from a knowledge base built from the current song being received.

· Possibly include the use of cognitive techniques to model song semantics.

The context behind this project is the current technologies being developed in audio pattern matching for database storage and extraction, descriptive tagging techniques being specified by the International Organisation for Standardisation (Martínez 2004).  Combining these techniques with cognitive prediction algorithms, error concealment can greatly improve the quality of streaming audio.  SoFI will work by ‘post-processing’ the audio stream into a group of verses (V), bridges (B), intros (I), and chorus (C).  Then a pattern-matching algorithm seeks to match later sections of the stream containing errors with buffer-stored sections (e.g. the first chorus section) to allow errors to be concealed with related matching packets in the corresponding buffered section.  At present the procedure of initial song form section recognition is performed manually by annotating the specific sections. This is achieved by initially sending a header to the client that contains information about sections start-times and lengths of the streaming song to follow.

The song header depicted in Figure 1.1 describes a piece of music with the song form IVCVC. It states that there is an introduction section of 10 seconds duration followed by a verse of 28 seconds, then a chorus of 32 seconds, then a verse of 28 seconds and finally repeats the chorus of 32 seconds.

	I
	0.10
	V
	0.28
	C
	0.32
	V
	0.28
	C
	0.32


Figure 1.1: Song Form Structure Header

This research proposes a novel syntax audio error concealment buffering technology, made possible by the song form structure with the possibility of developing this in the field of music semantics for replacing unidentified portions of the song structure.  Modelling of music has given rise to a number of different research angles such as modelling the human mind’s conscious perception of rhythm and its syntax and semantics (Mc Kevitt et al. 2002).  SoFI will enable the audio to start playing within two or three seconds, while at the same time using a small proportion of the available bandwidth to fill the client device buffer with received packets but categorised into structures of the song. A pattern matching run-time algorithm works to identify portions of the audio stream and when a dropout does occur, relevant sections of the buffered audio are inserted so as to create a perfect match for the lost audio. The aim of the proposed solution is to increase reliability of streaming audio to resource constrained mobile devices on bursty wireless networks.

2 Literature Review

In the following sections a range of areas related to this project will be reviewed.  Current streaming approaches and applications are reviewed in section 2.1.  Song form and structure is examined in section 2.2.  A review of the MPEG technology is reviewed in section 2.3.  This section is concluded with a review of current and previous pattern matching systems in section 2.4.

2.1 Current streaming approaches and applications

New approaches to improving streaming audio on unreliable networks have included a technique by Liang et al. (2001) where the size of packets is varied prior to streaming depending on the audio signal it contains and the current network traffic levels.  Their system works by estimating the network delay from past statistics and adjusts the size of the packets accordingly.  Another system developed by Ngo et al. (1999) introduces the concept of error spreading, where the input sequence of packets is scrambled before transmission on the server. The packets are unscrambled at the receiving end. The transformation is designed to ensure that bursty losses created by the network are spread over the sequence in the original domain.

Mainstream audio players with streaming functionality include Microsoft’s Windows Media Player, Apple’s QuickTime and Real’s RealPlayer and support most file formats (Austerberry 2002).  Each of the mainstream players support some form of extensibility through the use of plugins or software development kits (SDKs).  Other lesser known applications such as SHOUTcast and Liquid Audio are also available as streaming servers but at a fraction of the cost (if not freely available), but with less functionality.  Current mainstream applications rely upon ‘on-the-edge’ servers and QoS (Quality of Service) protocols alongside a large buffer size to reduce the effects of lost or late packets.  On-the-edge servers reduce the distance the packets have to travel to its destination thereby reducing the time it takes to arrive, and the likelihood of packets being dropped since less ‘hops’ are needed.  By identifying packets as time critical when being sent across networks, routers are able to forward these with more urgency where network congestions occur.

2.2 Song form and structure

The vast majority of songs in western nations contain a structure known as a song form. A song form is basically a framework, which makes the song listenable (Jackson 2002). Many people understand the idea of a verse and a chorus. The purpose of a verse (V) is to tell the story or describe the feeling. The chorus (C) is generally the focal point of the song, the central theme. A bridge (B) is a kind of fresh perspective, a small part that may consist of only music, or both lyrics and music, usually placed after the second chorus and often varying in major/minor chords. These are the main parts that are used when describing song form.

Often we can describe songs in terms such as having a VCVC form, or a VCBVC form. Not all songs however follow a verse, chorus bridge pattern.  The oldest song form is often referred to as folk, where there was no chorus, or any other part, for that matter. Verses are always labelled V. So, in describing a folk song form, or any song that has only verses, the song form is VVVV. A large percentage of songs these days however follow a type of song form, which includes a chorus. The chorus is labelled C, so a verse, chorus, verse, chorus type of song is VCVC. There is also a common song form, which includes a bridge (labelled B), so a typical form with a bridge might be VVCVCBC. This states that we have a verse, verse, chorus, verse, chorus, bridge, and chorus song form. Other less common forms may include a pre-chorus that is a lead up (or build) to the chorus; intros (labelled I) at the very beginning of a song and extras (labelled E) are the lead-outs or endings to a song (Jackson 2002). There are many variations of these forms however, with some songs starting with the chorus while others have more than one bridge. Any individual artist may have all kinds of variations. Most songwriters don't start writing by coming up with a song form first. It usually reveals itself as the song is being written. It is, however, a quick and easy language to use when discussing the process with other writers.

2.3 MPEG-4 and MPEG-7

Compression technologies have reached their limit in reducing the size of files whilst maintaining audio quality for the listener.  Where the core of this research is identifying and replacing lost portions of a song, a technique is required to tag these sections for pattern matching.  The MPEG 4 (MPEG 2004) standard is the next step up from MPEG 2 (used to define television broadcast standards).  MPEG 4 replaces MPEG 3, which was incorporated into MPEG 2 rather than create another standard.  Topic (2002) identifies that the main aims of MPEG 4 are to:

· Maintain independence of applications from lower-level details.

· Provide usable results over a wide bit rate.

· Reuse encoding tools and data from the previous MPEG standards.

· Handle natural and synthetic information as well as real-time simultaneously.

MPEG 4 provides tools for representing sounds such as speech and music.  The audio representations allow for text description of what notes to play and for the description of instruments.  MPEG 7 (Martinez 2002) is a standardised description of various types of multimedia information.  Where MPEG 4 defines the layout and structure of a file and codecs, MPEG 7 is a more abstract model that uses a language to define description schemes and descriptors – the Description Definition Language (DDL).  Using a hierarchy of classification allows different granularity in the descriptions.  All the descriptions encoded using MPEG 7 provide efficient searching and filtering of files.

2.4 Current and previous musical pattern matching systems

A core element of this research requires pattern matching (Leondes 1998) within the song form.  In the audio compression research community there has being a common consensus that there is no apparent repetitiveness and approximate repetitiveness in audio. Some agree however that repetitiveness occurs but shifted in phase and so difficult to recognize in the time it occurs (Atallah and Genin 1999). An efficient approximate pattern-matching algorithm is needed that should be able to take into account various forms of errors. Various forms of errors anticipated in a typical pattern-matching scheme include transposition errors, dropout errors and duplication errors.  Other recent alternative approaches to pattern matching in audio rely on a combinatory approach rather than on signal processing alone.  The audio is searched using techniques derived from the large body of knowledge acquired in the field of pattern matching of biological sequences. Although the degree of flexibility obtained is still inferior to that of the signal processing approach, much faster search algorithms have been obtained.  Many other applications have been developed under the general field of Music Information Retrieval (Maybury 1997).  These include broadcast media, digital libraries, e.g. musical dictionary, education including multimedia courses with audio support.

Currently much attention is being paid to “audio databases” where applications such as SEMEX (Lemstrom and Perttu 2000) and others query a database of audio files based on a search criteria provided by the user for example by humming (Chai 2001).  Other applications under current development include CAMUS 3D (Miranda 2000, 2001) where music is artificially generated based on the preceding notes and a lexicon as a reference/guide.  Ghias et al. (1995) describe a natural way of querying a musical audio database by humming the tune of a song.  They also have a scheme for representing the melodic information in a song as relative pitch changes. Their work differs from most systems in that it simply queries a database rather than serving as real-time audio pattern matching receiver based error concealment.

Almost all of the current pattern matching systems work in a non-realtime environment where timing constraints have little or no relevance.  The core of this project is to go beyond the limitations of the previously mentioned systems and to accurately identify missing audio sections and replace these with ‘matched’ sections previously received in other sections of the audio file.

3 Project proposal

An intelligent streaming audio system called SoFI (Song Form Intelligence) for improving the quality of streaming songs through error concealment is proposed. The core focus of SoFI would be the construction of tools to match lost/late packets with previously received similar portions of the song. An overview of initial ideas on SoFI’s architecture is depicted in Figure 3.1, which shows how the audio stream is analysed for lost/late packets after it arrives in the buffer, and how it is then reconstructed with replacement packets prior to being passed on to the audio player.  Testing SoFI requires a song (in the format of western tonal music) to be streamed across a network to a test machine running SoFi.  Packet loss within the streamed audio song will need to be simulated by randomly removing packets prior to reaching SoFI.  Both during and after playback of the song on the recipient machine a comparison will be made identifying where the packet loss occurred and SoFI’s accuracy in pattern matching and replacement of the lost packets in the received audio stream in comparison to the original song.
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Figure 3.1: Architecture diagram

3.1 Prospective tools

SoFI will make use of several software techniques in streaming audio, pattern matching and error concealment.  A description of the MPEG coding was given in section 2.3 where MPEG-7 (MPEG 2004) is shown to make use of descriptors for tagging sections of a song enabling SoFI to identify and tag similar sections of audio.  In conjunction with the MPEG-7 standard XML is used as a schema for the Description Definition Language.  Owing to the diversity of streaming audio technology, a number of different languages are available to develop SoFI.  Currently Java (Java 2004), C++ and the new Visual Basic .Net (Microsoft 2004) programming languages are all major candidates as possible development tools.  Streaming applications including SHOUTcast (Shoutcast 2004), Real Audio or Apples’ Quick Time as discussed in section 2.1 may be used for the basic functionality of streaming.  Windows Media Player however has been removed as a possibility owing to the operating system restrictions needed for streaming with Windows Media Player (i.e. Windows Server 2003 Enterprise Edition).

4 Comparison of audio streaming systems

Table 4.1 in Appendix A compares SoFI to the core of other approaches to streaming.  The mainstream applications for streaming audio content across a network use a number of proven techniques to reduce bandwidth requirements such as application specific codecs for compression, on-edge servers to reduce the distance packets travel to their destination, large buffers to allow time for request and re-sending of lost packets, and varying the size of the packets based on network congestion.  All of these techniques are sender-based where the responsibility for error prevention/correction is placed on the server.  Only the system developed by Ngo et al. (1999) places at least some responsibility on the receiver to reduce the effects of packet loss.  The core contribution of this research is the use of pattern matching for error concealment when streaming audio, a technique that is as yet underdeveloped.

5 Project schedule

The work proposed previously requires several steps to be carried out in order to achieve the desired objectives of SoFI. Table 4.2 outlines the main tasks and schedule of this project.

6 Conclusion

The demand for high quality multimedia streaming is growing, both over the Internet and for intranets.  During this initial stage of the research project attention has been placed on a review of existing and new approaches to streaming songs across networks.  Attention has also been focused on the area of pattern matching and it has been identified that the inclusion of these techniques may provide a unique approach to the improvement of streaming song quality.  The objectives of SoFI meet the challenging problems in streaming audio in that it will be able to maintain high quality audio streaming on bursty and bandwidth constrained networks and extend the QoS (Quality of Service) protocols to improve users listening experience.  The success of SoFI will be tested against accuracy in pattern matching and the amount of packets replaced in relation to the total number of packets lost.
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Appendix A: Comparison of approaches to streaming

	
	Systems
	Year
	Music Information Retrieval /
Pattern Matching
	Streaming Error Concealment

	
	
	
	
	Sender Based
	Receiver Based
	On-edge Server
	Packet Re-send

	Streaming Approaches
	Ngo et al.
	1999
	
	*
	*
	
	

	
	Liang et al.
	2003
	
	*
	
	
	

	Streaming Applications
	Media Player
	2004
	
	*
	
	*
	*

	
	Real Player
	"
	
	*
	
	*
	*

	
	Shoutcast
	"
	
	*
	
	
	

	
	Quick Time
	"
	
	*
	
	*
	*

	This project
	SoFI
	
	*
	?
	*
	?
	?


                              Table 4.1: Comparison of approaches to streaming
Appendix B: Project schedule

	
	2004
	2005
	2006
	2007

	Research Activities
	Oct-Dec
	Jan-Mar
	Apr-Jun
	Jul- Sep
	Oct- Dec
	Jan- Mar
	Apr-Jun
	Jul-Sep
	Oct-Dec
	Jan-Mar
	Apr-Jun
	Jul-Sep

	Literature survey 
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Literature Review write-up
	
	
	
	
	
	
	
	
	
	
	
	

	Write-up and submission of paper to conferences
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Analysis and Tool Selection 
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Learning MPEG-7 implementation
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Java, C++, VB .Net evaluation
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Analysis/design of pattern matching algorithm
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Selection of other reusable components (e.g. streaming audio applications) 
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	System design (Object Oriented Based)
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Unit implementation 
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Construction and testing of core streaming modules
	
	
	
	
	
	
	
	
	
	
	
	

	Pattern matching construction
	
	
	
	
	
	
	
	
	
	
	
	

	Construction of audio modules
	
	
	
	
	
	
	
	
	
	
	
	

	Unforeseen modules
	
	
	
	
	
	
	
	
	
	
	
	

	Integration and testing 
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Performance analysis
	
	
	
	
	
	
	
	
	
	
	
	

	Write up PhD thesis 
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Improving system
	 
	 
	 
	 
	 
	
	 
	 
	 
	 
	
	 

	Modifying thesis
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Table 4.2: Project schedule
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