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1. Introduction
1.1  Purpose

This document contains information on the requirements of the design and implementation of a universal serial bus (USB) audio stream used to capture the audio level signal derived from a high speed tape drive, and convert to a digital stream file, for future play back or archiving on ether a Mac OS or windows based personal computer.

Curtin University has large amount of audio files stored on tapes, and audio cassettes. The content of those archives is, by and large, speech. The primary purpose of this audio digitization project is preservation and play back of the audio contents. 
The high speed digitization process, obviously, is not a simple one and it poses a number of challenges that needs to address. Some of those challenges are due to the variety of original media, media quality, and recording quality. Other concerns include the choice of the digital file format, the storage medium, as well as the choice of appropriate hardware, software, compression, and digitization procedures. 
This document outlines some of the key concepts in speech digitization and high lights some of the area requiring investigation prior to implementation.
1.2.0 
Scope

The digitisation of digital audio can be a complex process. This document contains design and implementation techniques for producing effective audio interface by taking into consideration the impact of sample rate, bit-rate and file format.

1.2.1 
Sample Rate

Sample rate defines the number of samples that are recorded per second. It is measured in Hertz (cycles per second) or Kilohertz (thousand cycles per second). Table 1, describes four common benchmarks for audio quality, however for this project the audio will be play at high speed a factor of 20 is been applied.
	Samples made per second (SPS)
	Description

	8kHz 

(Factor of 20

160Khz)

	Standard fixed line telephone audio quality

	11kHz

(Factor of 20

220Khz)

	At 8 bits, mono produces reasonable voice quality at a for file size.

	22kHz

(Factor of 20

440Khz)
	22k, half of the CD sampling rate. 

At 8 bits, mono, good for a mix of speech and music.

At 16 bits reasonable stereo quality for speech and music



	44.1kHz

(Factor of 20

882Khz)

	Standard audio CD sampling rate. A standard for 16-bit linear signed mono and stereo file formats.


Table 1: Sample Frequencies

The audio quality will improve as the number of samples per second increases. A higher sample rate enables a more accurate reconstruction of an analogue sound wave will be created to form the digital audio file. To record high quality compact disk audio at a sample rate of 882kHz should be used. Since the audio for this project will be taken from an existing recording, a sample of this rate 882kHz would produce an overly large file size for the quality of audio required. The design proposed should allow user interaction to select from a range of sampling frequencies
1.2.3 
Bit-rate

Bit-rate indicates the amount of audio data being transferred at a given time. The bit-rate can be recorded in two ways – variable or constant. A variable bit-rate creates smaller files by removing inaudible sound. It is therefore suited for application where bandwidth is a consideration. A constant bit-rate, in comparison, records audio data at a set rate irrespective of the content. This produces a replica of an analogue recording, even reproducing potentially unnecessary sounds. As a result, file size is significantly larger than those encoded with variable bit-rates. Table 2 indicates how a constant bit-rate affects the quality and file size of an audio file. 
	Bit Rate
	Quality
	MB/min

	1411
	CD audio
	10.584

	192
	Near CD quality
	1.440

	128
	Typical music level 
	0.960

	112
	Digital radio quality
	0.840

	64
	FM quality
	0.480

	32
	AM quality
	0.240

	16
	Short-wave quality
	0.120


Table 2: Bit-Rates
1.2.4 
Digital Audio Formats

The majority of audio formats use lossy compression to reduce file size by removing superfluous audio data. Master audio files should ideally be stored in a lossless format to preserve all audio data as shown in table 3. However for this project due to the high rate of data the USB will deliver the audio stream in raw unsigned 8 bit integer format
	Format
	Compression
	Streaming support
	Bit-rate
	Popularity

	MPEG Audio Layer III (MP3)
	Lossy
	Yes
	Variable
	Common on all platforms

	Mp3PRO (MP3)
	Lossy
	Yes
	Variable
	Limited support.

	Ogg Vorbis (OGG)
	Lossy
	Yes
	Variable
	Limited support.

	RealAudio (RA)
	Lossy
	Yes
	Variable
	Popular for streaming.

	Microsoft wave (WAV)
	Lossless
	No
	Constant
	Primarily for MS Windows 

	Raw binary data ASCII
	Lossy
	Yes
	Constant
	Limited support.

	Windows Media (WMA)
	Lossy
	Yes
	Variable
	Primarily for MS Windows


Table 3: Audio Formats

1.3 
References


http://www.akm.com/category.asp?cat=pc_audio, Accessed 21st November 2005

1.4 
Definitions, Acronyms & Abbreviations
	Acronym or term
	Definition

	A/D
	Analogue to Digital

	ADC
	Analogue to Digital Conversion

	AM
	Amplitude Modulation

	dB
	Decibels

	CD
	Compact Disk

	D/A
	Digital to Analogue

	FIFO
	First in First Out 

	FM
	Frequency Modulation

	GHZ
	Giga Hertz (giga cycles per second)

	HID
	Human Interface Device

	Hz
	Hertz (cycles per second)

	IC
	Integrated Circuit (Silicon Chip)

	KHz
	Kilohertz (thousand cycles per second).

	NRZI
	Non-Return-to-Zero Inverted

	PC
	Personnel Computer

	OS
	Operating System

	SIE
	Serial Interface Engine

	USB
	Universal Serial Bus


Table 4 Acronyms

2.0
Choosing appropriate digitization standards

The choice of appropriate digitization standards seems to be influenced by two distinct factors 
1. Technological

2. Archival. 
Each of these two factors poses a different set of questions and challenges for this project. When deciding on particular specifications of sampling rate, quantization, hardware, software etc. our primary technological goal is to provide a digital copy that closely matches the original analogue wave form. To achieve this goal, we need to achieve a sufficient sampling rate and bit resolution that will capture the required frequency range as indicated in tables 1 and 2. The sample rates used for this project was based on Nyquist theorem indicates that we will require a sample of twice that of the highest required frequency to be digitized.  The audio range required by Curtin University is for this project was for mainly voice digitizing this will fall in the frequency range of 300Hz to 6000Hz however since the audio will be played at a increased compression factor of 20 the audio bandwidth required for digitizing increases to 6KHz for the low end through to 120KHz for the upper most end. Nyquist therom indicates that we need to sample at lest twice the highest frequency required there for a sample rate of at lest 240,000 samples per second (240Ksps) will be required.

3.0
Basic Concepts of Digitization

Digitization is a process of converting an analogue, or continuous, waveform to digital form by an analogue to digital converter (ADC). The sound pressure waveform is a continuously varying signal. It changes from instant to instant, and as it changes between two values, it goes through all values in between. Using an ADC, the signal is sampled at a set of equally spaced times. The sample value is a number equal to the signal amplitude this value is converted to a digital binary format, which is made up of 0 and 1 each 0 or 1 is called a bit, and a collection of 8 bits is called a byte and has a raw unsigned value from 0 through to 2(No of Bits) ie for an 8 bit value there is a total of 28 = 256 or FF in hex as shown in graph 1, for this project the we will be using a 8 bit analogue to digital converter.
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Graph 1

The technique of using and ADC process is that, if done properly, every detail of the original signal can be captured. The original continuous waveform can be reconstructed exactly and, more importantly, powerful digital signal processing can be applied to the digital representation of the signal. Such a representation can then serve a variety of purposes, such as streaming, speech recognition, etc.
When any signal is transmitted over a medium, it is inevitably distorted to some degree. The received signal, therefore, differs to some extent from the originally transmitted signal. For an analogue signal, even small amounts of distortion lead to noise that is often impossible to eliminate. Examples of noise include hiss, static, white noise and limited bandwidth all contribute the poor quality to help eliminate this noise one of the design techniques will be to incorporate a band pass filter of some sort with a zero loss and pass frequency in the range of 6kHz to approx 120kHz.

4.0
The sampling theorem

It is not obvious that an exact reconstruction of an analogue signal should be possible, since a complete continuous signal is replaced by a finite number of samples taken at equal time intervals. The problem is to have complete information between the samples. The answer lies in the mathematical result called the Sampling Theorem. In short, the sampling theorem states that if a band-limited signal is sampled at a rate greater than twice the highest frequency in the signal (Nyquist frequency), no information is lost and the original signal can be exactly reconstructed from the samples. 
Acoustic signals that humans can hear lie in a limited range of about 20Hz to 20,000 Hz., however for this project we will be limiting the bandwidth to between 6KHz and 120KHz (300Hz x 20 = 6KHz and 7KHz x 20 = 120KHz) Thus, intuitively, in order to exactly reconstruct the original analogue signal a sample rate of at least 240,000 Hz. (140,000sps x 2). Sampling at a rate less than this will results in a phenomenon called aliasing, whereby the resulting digital signal lacks a significant number of bits of information and it may be severely distorted by the aliased components, making it audible as noise. 
5.0
Quantization

For the sampling theorem to apply exactly, each sampled amplitude value must exactly equal the true signal amplitude at the sampling instant. Real ADCs do not achieve this level of perfection. Normally, a fixed number of bits (binary digits) is used to represent a sample value. Therefore, the infinite set of values possible in the analogue signal is not available for the samples. 
The difference between the analogue signal and the closest sample value is known as quantization error. Since it can be regarded as noise added to an otherwise perfect sample value, it is also often called quantization noise. The effect of quantization noise is to limit the precision with which a real sampled signal can represent the original analogue signal. This inherent limitation of the ADC process is often expressed as a Signal-to-Noise ratio (SNR), the ratio of the average power in the analogue signal to the average power in the quantization noise. In terms of the dB scale, the quantization SNR for uniformly spaced sample levels increases by about six dB for each bit used in the sample. For ADCs using R bits per sample and uniformly spaced quantization levels, SNR = 6R - 5 (approximately). Thus, for 8-bit encoding about 43 dB is possible this is close to what can be achieved with normal analogue filter techniques. 

6.0
The file format

The raw data produced by the ADC are to be transferred to a host for de-compression this transfer is to utilize the industry standard USB 2.0 full speed self powered technique. The rate of transfer is based of two major components 
1. The host access time

2. USB embedded driver module

The data available from the ADC is proportional to the sample rate set for this project a minimum sample rate of 240Ksps is required and each sample is made up 1 byte or 8 bits therefore a USB transfer speed of 240ksps x 8 = 1.920 Mbps well with the maximum of 12Mbps set up in the USB 2.0 standard.

7.0
Hardware

The following details some of the area that requires investigation prior to commencing any prototype design / implementation.

7.1
A/D converter

The analogue-to-digital converter (ADC) is the device in which both quantization and binary coding of the sampled signal take place. Because the upper limit of the quality of a digital signal depends primarily upon the accuracy of this process and the maximum information encoded in the new signal, the ADC must be designed and constructed very carefully, bearing in mind the necessity of matching system performance to the dynamics of potential sources and the hearing process. 
ADC devices generally fall into one of three categories that essentially define their basic modes of operation. These are successive approximation, integrating, and flash. 

7.1.2
Successive Approximation 

One of the more common types of ADCs is that employing a successive-approximation register (SAR). Conversion is accomplished by stepping through a sequence of trial-and-error comparisons between the unknown input signal and a series of binary-weighted reference levels. The result of each successive comparison serves to narrow the range of reference level used for the subsequent comparison. 

7.1.3
Integrating Conversion 

Integrating ADCs, including single, dual, and multislope designs, are most commonly found in digital meters and instrumentation systems. They are relatively slow, but this is usually not a problem because the results are used primarily for visual readout. The strong point of an integrating ADC is high resolution The most popular type of integrating converter is the dual-slope design, in which the unknown signal is used to ramp the input of an integrator up from 0 V for a time set by a fixed number of clock cycles. A reference voltage of opposite polarity is then used to discharge the integrator and return it to zero. The dual-slope integrating ADC, by nature, has high noise rejection because the output represents the average value of the input signal over the integration time. This circuit is able to ignore changes in its integrator and clock because both are used to measure the reference, as well as the input, during each conversion cycle. This causes some of the drift and error terms to cancel. 
7.1.4
Flash Conversion 

The operating principle of the flash converter is in some ways opposite that of the SAR. Rather than using one comparator repeatedly to make a number of comparisons, a flash converter uses a large number of comparators to make all the checks at once. A consequence of this technique (besides high speed) is a more complex device. The number of required comparators increases geometrically
 with greater resolution.
7.2
High Pass Filter

The first device usually required in the A/D conversion process is an analogue low-pass filter whose sole function is to band-limit the input signal in this case we are limiting all signal frequency below 6KHz and without introducing excessive linear or nonlinear distortion and without generating excessive noise. This is a critical operation because, any noise or distortion in the signal will be sampled and treated as the original signal.

7.3
Low Pass Filter

The low pass filter function is to band limit the input signal in this case the frequency from 0Hz through to approx 140kHz, as per the high pass filter, this is also a critical operation because, any noise or distortion in the signal will be sampled and treated as the original signal. There a few low pass filter to review such as Butterworth and elliptic filters  
7.4
Buffer Memory

The audio interface is to incorporate a small buffer to temporally store the audio data raw data whilst the USB is transferring to the host the previously collected raw binary data There many methods of storing digitized audio data in ram these include but not limited to serial, parallel, address based access, or first in first out, each of these techniques will need to be investigated and ensure compatibility with the ADC and the USB module.  

7.5
USB Module

The USB module for this project is a commercial of the shelf unit (COTS) as although there any many USB modules available the USBMOD4 device available through distributor elexol or Dontronics will meet the basic requirement of audio interface transfer rate 2.240Mbps.

The USBMOD4 shown in figure 1, is a second generation, low-cost integrated module for transferring data to / from a peripheral and a host PC at up to 8 Million bits (1 Megabyte) per second. Based on the FTDI FT245BM USB FIFO – Fast Parallel Data Transfer IC, it’s simple FIFO-like design makes it easy to interface to a CPU (MCU) either by mapping the device into the memory / I/O map of the CPU, using DMA or controlling the device via I/O ports.   The USBMOD4 offers a complete plug and play solution making it ideal for rapid prototyping and development.  
[image: image2.emf]
Figure 1

The USBMOD4 module features include the following:-

•  Single module High-Speed USB FIFO solution
•  Based on the FTDI FT245BM USB FIFO – Fast Parallel Data Transfer IC
•  Integrated Type-B USB Connector
•  On-board 6MHz Crystal
•  External EEPROM for USB enumeration data
•  No external passive components required
•  Module powered from USB bus in addition to supplying up to 460mA for user application

•  32-pin Dual In-Line Package (Ideal for prototyping)
•  Fits into a standard 32-pin 600mil IC Socket
•  Single Chip Multi-Function Data Transfer Solution
•  Send / Receive Data over USB at up to 1 Mb / Sec
•  384 byte receive buffer / 128 byte transmit buffer for high data throughput
•  Simple interface to CPU or MCU bus
•  No in-depth knowledge of USB required as all USB Protocol is handled automatically within the I.C
•  FTDI’s Virtual COM port drivers eliminate the need for USB driver development in most cases.
•  Compact 32 pin (7mm x 7mm) MQFP package
•  Integrated 6Mhz – 48Mhz Clock Multiplier aids FCC and CE compliance

•  Integrated 3.3v Regulator – No External Regulator Required  •  UHCI / OHCI Compliant
•  USB 1.1 and USB 2.0 Compatible
•  USB VID, PID, Serial Number and Product Description Strings in external E2PROM.  VIRTUAL COM PORT (VCP) DRIVERS for
•  Windows 98, 98 SE and ME
 
•  Windows 2000 / XP
 
•  Windows CE **
 
•  MAC OS-8 and OS9
 
•  MAC OS-X
 •  Linux 2.40 and greater  [** =  In the planning or under development]  FTD2XX (USB Direct Drivers + DLL S/W Interface)
 
•  Windows 98, 98 SE and ME
 
•  Windows 2000 / XP  ENHANCEM 
8.0 Manufacturing Cost

All cost associated with this project will be incurred by the student.

9.0 Proposed product component list

	Part ID
	Device
	Package Type
	Hight(mm)
	Width(mm)
	Leg Spacing(mm)
	Supplier
	Part No

	U1
	SPG6840BN
	16pin DIL
	N/A
	N/A
	N/A
	Farnell
	170-680

	U2
	TLV2772
	8Pin DIL
	 
	 
	 
	RS
	356-8969

	U3
	SV-4BL
	15Pin SIP
	15mm
	5.5mm
	2.54mm
	RS
	501-6628

	U4
	PST5101
	TO220
	 
	 
	 
	Farnell
	311-4892

	U5
	SN74121
	14Pin DIL
	 
	 
	 
	RS
	305-591

	U6
	HFE4093
	14Pin DIL
	 
	 
	 
	Farnell
	385-815

	U7
	HFE40106
	14Pin DIL
	 
	 
	 
	Farnell
	386-663

	U8
	AD7821
	20Pin DIL
	 
	 
	 
	RS
	310-830

	U9
	CY7C466A
	PLCC32 
	 
	 
	 
	RS
	469-6330

	U10
	USB Mod
	32Pin DIL
	 
	 
	 
	Dontronic
	MOB4

	U11
	DS1233
	TO92
	 
	 
	 
	RS
	248-3003

	U12
	50A-10151
	14Pin DIL
	 
	 
	 
	RS
	299-200

	SW1
	6 Channel
	12Pin DIL
	 
	 
	 
	RS
	333-136

	T1
	BC547
	T092
	 
	 
	 
	RS
	296-087

	
	
	
	
	
	
	
	

	Part ID
	Device
	Package Type
	Body Dia
	Body Length
	Lead Dia
	Supplier
	Part No

	R1
	2k / 0.25W
	Axial
	2.5mm
	7.2mm
	0.6mm
	RS
	166-059

	R2
	2k / 0.25W
	Axial
	2.5mm
	7.2mm
	0.6mm
	RS
	166-059

	R3
	2k / 0.25W
	Axial
	2.5mm
	7.2mm
	0.6mm
	RS
	166-059

	R4
	2k / 0.25W
	Axial
	2.5mm
	7.2mm
	0.6mm
	RS
	166-059

	R5
	4k7 / 0.25W
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-334

	R6
	4k7 / 0.25W
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-334

	R7
	10k / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-378

	R8
	1k  / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-225

	R9
	10k / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-378

	R10
	220k / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-536

	R11
	3k3 / 0.25W
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-312

	R12
	10k / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-378

	R13
	10k / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-378

	R14
	10k / 0.25w
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-378

	R15
	4k7 / 0.25W
	Axial
	2.3mm
	5.6mm
	0.6mm
	RS
	131-334

	D1
	1N4001
	Axial
	2.7mm
	5.2mm
	0.9mm
	RS
	261-148

	Z1
	BZX79C2V4
	Axial
	1.9mm
	4.3mm
	0.6mm
	RS
	446-8589

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	Part ID
	Device
	Package Type
	Body Dia
	Lead Space
	Lead Dia
	Supplier
	Part No

	C1
	1uF
	Radial
	5mm
	2mm
	0.5mm
	RS
	228-6846

	C2
	100uF
	Radial
	8mm
	3.5mm
	0.6mm
	RS
	228-6903


	
	
	
	
	
	
	
	

	Part ID
	Device
	Package Type
	W x H x D
	Lead Space
	Lead Dia
	Supplier
	Part No

	C3
	0.1uF
	Radial
	7.2 x 6.5 x 2.5
	4mm
	0.6mm
	RS
	312-1469

	C4
	0.1uF
	Radial
	7.2 x 6.5 x 2.5
	4mm
	0.6mm
	RS
	312-1469

	C5
	0.1uF
	Radial
	7.2 x 6.5 x 2.5
	4mm
	0.6mm
	RS
	312-1469

	C6
	0.1uF
	Radial
	7.2 x 6.5 x 2.5
	4mm
	0.6mm
	RS
	312-1469

	C7
	0.1uF
	Radial
	7.2 x 6.5 x 2.5
	4mm
	0.6mm
	RS
	312-1469

	C8
	47uF
	Radial
	7.2 x 7.5 3.5
	4mm
	0.6mm
	RS
	312-1481

	C9
	0.1uF
	Radial
	7.2 x 6.5 x 2.5
	4mm
	0.6mm
	RS
	312-1469

	C10
	22pF
	Radial
	3.8 x 5.3 x2.54
	2.54mm
	0.6mm
	RS
	264-4668

	
	
	
	
	
	
	
	

	Part ID
	Device
	Package Type
	W x H x D
	Lead Space
	Lead Dia
	Supplier
	Part No

	P1
	10k Trimmer 25T
	Multi Turn
	4.4 x 6.9 x 6.4
	2.54mm
	.5mm
	RS
	186-520

	P2
	50k Trimmer 25T
	Multi Turn
	4.4 x 6.9 x 6.4
	2.54mm
	.5mm
	RS
	186-542

	P3
	100k Trimmer 25T
	Multi Turn
	4.4 x 6.9 x 6.4
	2.54mm
	.5mm
	RS
	186-558


10.0 Time Frame and Mile Stones
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