BEST PRACTICES FOR DIGITIZATION IN THE MSU VINCENT VOICE LIBRARY

Best practices for digitizing analog audio materials may vary with the intended purpose or application.  Even within Libraries, best practices for preservation of materials may require a different set of criteria than that of access over the Internet.  One of the goals of the MSU Voice Library is to promote the establishment of best practices for digitization concerning both preservation and access of spoken word audio recordings.  As a partner in an ambitious grant project to create an on-line gallery of sound recordings, the MSU Voice Library is uniquely positioned to make a significant contribution in this area.

In order to best understand the principles involved in this discussion, a basic understanding of digital audio will be helpful.

Current practice at the MSU VVL takes into account the relationship between a number of criteria:

1. Age, stability and condition of original analog media

2. Original analog equipment specifications

3. Original recording conditions and practices

4. Digital capture: A/D workstation and analog components interface

5. Available formats and sampling rates

6. Mode of access or delivery

7. Storage media

1. Analog medium, equipment and original recording conditions

The original quality of the recording medium has a significant impact on the resulting production and subsequent digital artifact.  For the most part, the Voice Library has always tried to utilize the best available equipment and most stable analog formats.  The predominant analog medium has been 1/4 inch open reel tape.  There are close to 10,000 reels of tape in this collection. Since the collection spans many years, the equipment, level or recording expertise and tape quality will vary greatly.  This poses one of the greatest challenges to obtaining a consistent digital artifact.

2. Original analog equipment specifications 

The range of human hearing is said to encompass frequencies ranging from about 20 cycles per  

second up to 20,000 cycles per second.  Audio information comprising human speech spans a  approximate range of 80 hz to about 4000 hz with upper harmonics extending to 8000Khz.  Actually, much of the audio speech "energy" or information is contained in the the 100 to 1200 hz range.  Many items of the VVL were mastered on Ampex and 3M brand tape using state-of-the-art Ampex 351 studio grade recording consoles.  The bandwidth or frequency response of some machines employed is nearly capable of covering the range of hearing: 20 - 20,000HZ.  In most cases, the majority of equipment specifications provided for highest quality capture of analog recordings.  But the reality is that all tape masters are predominantly voice recordings with a bandwidth that does not significantly exceed 10Khz.  When it comes to the digitization of analog, most concern is with the high frequency information and introduction of unwanted noise. The  "Nyquist" theorem states that the sampling signal rate should be at least twice as high as the highest frequency that is to be recorded.  It further states that the use of  a sufficient quantization is needed to minimize noise and provide an accurate representation of the analog.

It is commonly known in professional audio or video production that higher speeds produce better results.  A tape mastered at 7 1/2 or 15 inches per second will yield better overall characteristics of frequency response, noise and speed stability than one recorded at lower speeds. However, considering that VVL recordings are all spoken word and not musical in nature, some compromise was made due to the limitations of costs and storage.  These circumstances established an early practice of using 7 1/2 and 3 3/4 ips speeds for VVL recordings with 3 3/4 ips used predominantly in the later years.  The results are recordings that contain little if any meaningful audible information above 13K.  Some of the tapes recorded at higher speeds may exceed this range somewhat.  Some phonograph recordings may approach the upper limits of hearing.

3. Original recording conditions and practices 

Because of acquisition practices over the years and the speed of growth in the collection, it has    

proven difficult at times to maintain full control over the recording conditions of every item in the collection.  Some items were not engineered by VVL personnel and may have been poorly mastered. There are even a few items with clipped signals due to improperly set levels or incorrectly matched input impedances.

4. Digital capture and workstation components

To accurately and efficiently capture so much diverse material, reasonably fast and powerful computer processing capability is required.  Both the newer PCs and Macs are quite capable of performing well as long as they are equipped with plenty of RAM, fast dependable storage, a professional sound card and software.  Any sound card with A/D capability will work, but for a preservation project, one of the higher quality professional PCI cards should be used.  One of the problems of many sound cards is the noisy environment inside the computer. This can add unwanted noise or degradation to the sound files.  The higher quality sound cards have better shielding and signal to noise characteristics.  These cards also allow for the use of balanced connections to further reduce the risk of added noise.  The MSU Voice Library goes the extra step and uses a separate A/D converter isolated outside of the computer.  The type of sound card used only accepts digital inputs.  In addition to the superior performance of this configuration, it also provides for more flexibility and control of the input signal with mixing, editing and other processes.  One of the great  benefits of working with digital audio is the editing restoration capabilities.  Special computer software is used in the VVL to cut or paste audio segments down to the thousandth of a second, run sophisticated filters to eliminate unwanted noise, bounce or normalize levels, adjust for proper speed, etc.  The question of when and under what circumstances to use this type of intervention will be discussed elsewhere.  What should be stated is that the policy of the VVL is to capture all of the original audio information of the tapes with no intervention at this level, which is archival in nature.  There may be occasional exceptions, but the types of processes described here are usually only undertaken for items provided on temporary loan or possibly for web access.

5. Formats and sampling rate 

Next to the original analog production method, this probably has the greatest impact on the final digital artifact's sound quality.  The application must be weighed carefully when choosing a file format and sampling rate.  Consider the bandwidth limits of the original recording as described in number 2 above.  A cassette made on a cheap portable tape recorder probably does not need to be sampled at CD quality (44.1KHz).  On the other hand, an open reel tape originally mastered in a recording studio should not be sampled at 8 or 11Khz.  Referring again to the Nyquist theorem,  if the tape has a frequency response that does not exceed 4Khz (such as many micro cassette pocket transcribers or telephone conversations), than an 8Khz sampling rate will suffice.  However, If the original approaches the upper limits of hearing considered to be around 20Khz, than the 44Khz sampling rate will be needed to accurately capture all of the audio information.  Spoken word recordings are a challenge in this regard.  While many would agree that most speech information is confined to a limited bandwidth of below 5Khz, other linguistic information, inflections, crisp articulation, sound effects or other pertinent environmental noises, etc. can and do reside at higher frequencies.  Having or obtaining an accurate reading of the bandwidth is very helpful when trying to determine the best sampling rate.  The Voice library uses analyzing software and equipment to obtain bandwidth information about the analog tapes.  The result led to an initial choice of 32Khz for most items in the collection.  However, since this is largely a preservation project and a few items do exceed this parameter, 44.1Khz (16-bit mono) is the standard used.  Also, some digital files may eventually be used to produce audio CDs, so using the 44Khz rate minimizes future processing or up-sampling interventions. Taking into consideration future migration   

to new formats and technologies, its widespread use and other operational considerations, the Voice Library utilizes the RIFF pcm-wav file format.

6. Mode of access or delivery 

The use of lossy compression formats is limited only to use as a delivery method over the Internet. There are currently many file formats available to work with. The preferences here have been for MP3 for downloading and RealAudio for streaming.  In the opinion of the VVL, any lossy file compression scheme should be avoided for preservation or archiving purposes.  On site delivery has historically involved the playback of the analog tape.  Future practice may consist of a combination of Internet access and on site wav file playback for restricted items.  Loanable items can be supplied as CD audio, CD-ROM (wav files) or upon request as traditional analog formats.

7. Storage media   

At the 44.1Khz (mono) sampling rate, the storage space requirements amount to about 5M per minute of audio (see chart A).  A one-hour tape requires about 300Mb.   Fortunately, storage costs have fallen drastically in recent years.  For small projects and collections, there are many viable choices, but any large collection still has a problem with the vast amounts of space required.  The MSU Voice Library has been using a combination of hard drive and CD-R to store digital artifacts.  Some of the more freely accessible items are kept on severs.  All items are backed up onto CD-R and many are only stored on CD-R to begin with.  CD-R is still a new unproved technology for archiving purposes, but it has so far provided a low cost intermediate solution for the VVL.  Files are stored as PCM-WAV data files on standard ISO-9660 CD-ROM discs.  Occasionally, redbook audio CDs are also produced for loaned items.

To summarize, the process at MSU is driven by two considerations: 

preservation and access.

If electronic access over the Internet were the only consideration, than less weight could be given to some of the aspects listed above such as sampling rate and file compression.  However, since both preservation and access are of equal importance, all aspects described herein become more significant.  This same approach can be applied to any other carefully reviewed application.
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