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Title
BC06.1: To devise a musical dictionary with voice access.

Description
If you’ve ever listened to Classic FM late at night, you will have heard people ringing up with requests for “… you know … it goes like this:  La la la da da da etc.”  Apparently its quite usual for Sue Lawley’s guest on “Desert Island Discs” to request among their 8 selections things they can only hum the tune of.   How many times have you had a tune in your head and wondered what its called.  There is an amazing musical dictionary that only needs to know the progression of the first 10 notes or so to identify the music.  You have to specify the opening of Beethoven’s 5th symphony, for example, as “ S(ame) S S D(own) U(p) S S D”

It may be that this coding, a form of 'Parson's code', could be used in a computer-based dictionary.  But instead of typing the progression on a keyboard, the user sings the notes into a microphone. The computer has to identify the progression, look it up in the dictionary and print out or even speak the name of the tune.  This may be a service offered over the telephone. The project will be to develop the software on a PC to do this.

Main Objective
(i)
The construction of  a prototype musical dictionary with 'Parson's code'  (or other) coding.  A data-base will be needed.  An access program should be tested with key-board input first of all.

(ii)
A program for inputting a sequence of sung notes from a microphone and storing these in a WAV file.  

(iii)
An understanding of the WAV format and how to read the data into a high-level language program such as “C” or MATLAB.  A correctly documented test program must be written to demonstrate that this can be done correctly.

(iv)
A program for analysing a single sung note stored in a WAV file to determine its fundamental frequency.

(v)
A program for analysing a sequence of  sung notes stored in a WAV file to segment the notes and thus to produce Parson's coding (or other).  (NB if we decide to use other forms of coding, this task can become more complex, though not impossible, with changes of key  needed etc.).

(vi)
A program implementing the complete prototype system with printed output.

Additional Objectives
(vii)
Spoken output using a standard speech synthesis program.  Testing over a telephone.  Population of the data-base by referencing other databases.  Software to demonstrate any of these ideas should be presented to gain additional marks.

Area of Project
Digital signal processing (CS3291).

Type of Project
Software development and interfacing standard peripherals

Special Expertise Needed
A high-level programming language and an interest in DSP.

Equipment Needed
Access to a PC with CDROM, sound input and output facilities microphones and headphones.  Compiler, internet access and midi software.

Title
BC06.2: Digitising speech for storage and transmission

Description
Wired telephone systems generally band-limit speech  to a range of about 300-3.4kHz.  This band-limited speech may be digitised at 64kb/s by sampling it at 8k samples per second  and representing each sample by an 8-bit number, with non-uniform (A or mu law) quantisation steps.  Some loss of quality is incurred by this digitisation process, and the first aim of this project is to implement the process and apply it to stored speech segments to investigate the loss in quality.  A comparison may be made with higher quality (CD quality) sound sampled at 44.1 kHz.   For many applications, such as mobile telephony,  64 kb/s  is too high a bit-rate..   The project will then proceed to program and investigate a range of techniques capable of digitising speech at lower bit-rates.  The evaluation of speech quality by a technique similar to 'MOS' scoring should be investigated. 

Main Objective
(i) Given a number of data files, each containing about 3 minutes of speech sampled at 44.1 kHz, 16 kHz and 8kHz with 16 bits/sample uniform quantisation, the first task is to develop a program which reads these files in short sections to display and analyses them.  The important features of speech signals should be documented.  A wave-analyses will be useful here also.  The requirement is then to simulate the effect of a 300 Hz high-pass filter and 8 bit/sample A-law or mu-law quantisation, and then produces an output file (with 16 bits for each sample) which is indicative of telephone quality digitised speech.

(ii) Produce a fully documented program now to investigate the effect of reducing the bit-rate from 64 kb/s to 32 kb/s and then to 16 kb/s simply by reducing the number of quantisation levels per sample from 64 to 16 then 4 .  Try uniform and non-uniform quantisation.  You may choose to use code-book quantisation.  Comment on the quality of speech obtained.

(i) Simulate a linear and/or adaptive delta modulator to digitise speech at 16kb/s.  (Speech sampled at 16kHz rather than 8kHz will be needed here).

(ii) Simulate a simple linear predictive coder to digitise speech at 2.4 kb/s.

Additional Objectives
(iii) Improvements to the simple linear predictive coder or the simulation of a different coding technique.  Investigate the use of spectral analysis and 'objective MOS type' scoring to measure speech quality.  

Area of Project
Communications and Signal Processing.

Type of Project
Software simulation of real time DSP of speech

Special Expertise Needed
A high-level programming language and an interest in DSP and communications.

Equipment Needed
Access to a PC with sound output facilities and headphones.  Compiler.

Title
BC06.3:  Automatic Hearing Tester.

Description
The aim is to design, build and test a unit for testing the hearing of people who fear their hearing may have been damaged.  The unit will generate a sequence of tones of increasing frequency.  The intensity of each tone will be very low initially, and will be gradually increased until the patient indicates that he or she has heard the sound, by pressing a button.  The unit will record the threshold intensity of audibility for each frequency and hence will allow a frequency response graph to be drawn for the hearing of the person being tested.  The unit will be implemented as a software/hardware package for a personal computer.  It should be calibrated against equipment currently in use, and an instruction manual should be produced.  The project will involve  the interfacing of hardware for digital to analogue conversion, filtering etc., some assembly language programming and high-level language programming, graphics etc.  A visit to a local hospital routinely producing audiograms will, if possible, be arranged.

Main Objective
A working system capable of testing the hearing of a subject and plotting an “audiogram” on the PC screen.

Additional Objectives
(i) A general improvement of the quality of the software, especially with regards to the signal generation. Switching on and off of the output signal must be gradual rather than sudden to avoid transients being heard.

(ii) The design of an equaliser allowing a hearing impaired person to listen to music from a CD with the gain response modified to equalise frequency dependent losses of sensitivity.

(iii) The design of a “hearing impairment simulation” filter to allow a person with normal hearing to experience the type of hearing loss measured by the hearing tester.  (A music teacher needed such a facility recently to help with the task of trying to set a fair musical examination for a severely deaf, but highly talented young musician).

Area of Project
Signal Processing.

Type of Project
Software and hardware development

Special Expertise Needed
A high-level programming language and an interest in computing.

Equipment Needed
Access to a PC with sound output facilities and headphones.
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Title
BC06.4: Rehearsal facility for a choral singer.

Description
A member of a choir , e.g. a bass singer, must become familiar with one stave of music and be able to sing the required notes whilst other sections of the choir, e.g. sopranos, and members of the orchestra are singing or playing completely different notes. Some amateur singers find rehearsal recordings, highlighting the notes they must sing, very useful when practising at home. Such recordings are available commercially (see www.museco.demon.co.uk) but are currently limited in their coverage of the choral repertoire. The aim of this project is to write a digital signal processing (DSP) software package to process a standard commercial recording on CD such that a particular line, e.g. the bass line, is increased in volume with respect to the others. To achieve this, the software would read a "midi" file containing the single line of the musical score, i.e. the notes to be sung, and use the information to modify the music as read from the CD to highlight the required notes so that they are clearly heard above the other parts.. The software must correlate the one line of the midi score with the recorded music, and keep track of which note is being played when. It may then simply produce sine-waves to synthesise the notes and add these to the sound from the CD. Alternatively, it may use a variable igital filter implemented in software to increase the volume of the appropriate notes. The project will require a knowledge of musical notation. It will probably involve programming in "C", "Java" or "MATLAB". 



Main Objective
 A study of the "midi" format and related software. Correlation of the notes read from the midi file with the digitised music read from CD (to identify which notes are being played when) is perhaps the most important and difficult objective. Modification of the file as read from the CD recording by adding a synthesised tone controlled by the midi file. Modification by means of a variable digital filter.


Additional Objectives
Assessment of quality, and consideration of ways of improving quality.  A time-beat and appropriate "cues" from a "digital conductor". A conductor's baton on the screen, perhaps.

.

Area of Project
Digital Signal Processing.

Type of Project
Software development and interfacing standard peripherals

Special Expertise Needed
A high-level programming language and an interest in communications and DSP.

Equipment Needed
Access to a PC with CDROM, sound input and output facilities microphones and headphones.  Compiler, internet access and midi software.
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Title
BC06.5 Anonymous speech transcription to text

Description
Anonymous speech files for transcription to text: In the medical and other fields, audio recordings of speech are sent to agents, often abroad, for conversion to text.
This clearly creates problems with confidentiality and security of the information. The aim of this project will be to process the audio files firstly to disguise the voice and secondly to identify and remove words which may still allow the persons involved to be identified. The removed words would be stored in a separate encrypted file. Other techniques may be applied to increase the level of confidentiality; e.g. scrambling the order of phrases and sentences according to a key, and identifying and removing identifiable mannerisms.




Main Objective
As specified

Additional Objectives
As specified

Area of Project
Speech technology and Digital Signal Processing.

Type of Project
Software development and interfacing standard peripherals

Special Expertise Needed
A high-level programming language and an interest in speech and DSP.

Equipment Needed
Access to a PC with CDROM, sound input and output facilities microphones and headphones.  Compiler, internet access and midi software.

Title
BC06.6 :  Packet-loss concealment for VoIP & VoWLAN 

Description
Voice is being increasingly transmitted over packetised networks such as the Internet and wireless LANs.  It is possible that, in future, most telephone links will be converted to 'voice over IP' (VoIP)  Speech digitised at 8000 samples per second may thus be formed into packets each containing  say 160 or more samples and the packets must be transmitted at up to 50 times per second.  It is inevitable that some packets will get lost, corrupted by bit-errors due to noise or delayed so that they are too late to be used.   In this case, packet-loss concealment (PLC) must be used to 'fill in the gap' created by the missing packet in such a way that the effect of the loss does not sound too bad to the user of a telephone.  An artificial packet sounding like speech must be created.  At all costs, the listener must not hear a horrendous 'click' when a packet loss occurs.  There are many PLC techniques available, some of which are very simple e.g. techniques which just repeat the previous packet or some small modification of it  Many of these techniques are standardised and well known.  The aim of this project is to study the requirements of PLC, survey the range of techniques available, and produce  a demonstration program which simulates the occurrence of lost packets and the replacement of these by a number of different PLC techniques.  This will  allow a user to select a particular PLC technique, specify the probability and time- distribution of lost packets, and hear the distortion caused to a file of sampled representative packetised speech.  This project will involve programming in any high level language.  The use of MATLAB could be an attractive way of doing this..

Area of Project
Computer networks, DSP  and  'voice over  IP'.

Special Expertise Needed
A high-level programming language or an interest in learning MATLAB

Equipment Needed
PC  with  sound input and output facilities microphones and headphones..

