
 
 
 

 
 

News 
 

Impact of Community Radio 
The Executive Secretary of the Broadcasting 

Commission in Zanzibar, described what he has 

observed as the impact of a community radio station in 

Zanzibar, in a rural village, Micheveni. Micheveni is on 

an island, Pemba, North of the main island of Zanzibar.    
 

Micheveni community radio station was funded by 
UNESCO with the equipment supplied and installed by 

In a Box Innovations. The FM transmitter used is a 
300W.  At the time of the installation, it was observed 

that the residents were living in abject poverty.  

 
According to the executive secretary, the levels of 

immunization were the lowest in the region; they were 
living on food aid from the Government. Most of the 

houses they were living were very basic mud houses.  
 

With the informational and educational programmers 

that were broadcast by Micheveni FM, the residents 
were able to improve their agricultural techniques and 

the production of cassava and seaweed increased. Two 
years ago the food aid was discontinued as the area 

was self-sufficient in food production.  

 

 
 
Immunisation levels increases to be one of the highest 
in the region, improving the health of children and 

adults.  
 

The executive secretary also stated that there is a 

progressive movement towards brick houses showing 
improvement of quality of life.  

 

He attributed all these changes to the impact of 

community radio, Micheveni FM in particular.  

 
Mitegani FM, Makunduchi 

 
During our visit to Zanzibar to install a radio station in 

Tumbatu (see Issue 4), we also took time to visit 

Mitegani FM which was established in 2012. UNESCO 

funded the establishment of the station with In a Box 
Innovations supplying the equipment.  

 

The setting up of the station was carried out by staff of 
Zanzibar Broadcasting. Mr Ali Aboud Tali, who led the 

setting up stated that the user manual was very clear 

and he had no problem to carry out the installation.  

 
The station is operating very successfully with 12 staff, 

being paid by the revenue generated. The station 

broadcasts 18 hours per day.  
 

The management hopes the move into their own 

premises (currently operating in a rented house) so that 

the cost of rent can be saved. Rent and electricity are 
their biggest expense. 

 



Revenue is generated with advertisements, selling of 

greeting cards and sponsorship. 
  

They will also move the antenna to a taller telecom 

mast to improve coverage.  
 

Five Short Blasts Event 

 

The City of Melbourne in Australia is holding an event 
called Five Short Blasts to popularise the Docklands, 

bay area. The event includes broadcasting information 

about this area, interviews of persons who have lived 
and worked in the Docklands for a number of years.  

(http://www.thatsmelbourne.com.au/Whatson/ArtsandC
ulture/TheatreandShows/Pages/6bb047eb-bb84-4005-

84a0-40d24edee631.aspx?displaymode=map) 
 

Docklands is a beautiful area with a bay where a large 

number of boat owners moor their boats. The area is 
also full restaurants, luxury apartment buildings in 

addition to many corporate buildings and offices. 
 

 

 
The event organisers plan to take guests on 5 
motorised boats giving them to experience the joys of 

boating and also listen to the broadcast. The 

transmission system was supplied by In a Box 
Innovations. The picture below shows the antenna being 

installed on the Old Harbour Master’s Tower. 

Technology 

 
Digital Audio Quality  

The quality of a digital audio recording depends heavily 

on two factors: the sample rate and the sample format 
or bit depth. Increasing the sample rate or the number 

of bits in each sample increases the quality of the 

recording, but also increases the amount of space used 

by audio files on a computer or disk.  
 

Sample rates 

Sample rates are measured in hertz (Hz), or cycles per 
second. This value simply represents the number of 

samples captured per second in order to represent the 
waveform; the more samples per second, the higher the 

resolution, and thus the more precise the measurement 
is of the waveform. The human ear is sensitive to sound 

patterns with frequencies between approximately 20 Hz 

and 20,000 Hz. Sounds outside that range are 
essentially inaudible, although Rupert Neve has 

subjectively proven the existence of pysychoacoustic 
fidelity that can be heard above this supposed limit of 

20,000kHz.  
 

Capturing a sound at a particular frequency requires a 

sampling rate of at least twice that frequency (known as 
the Nyquist frequency). Therefore a sample rate of 

40,000 Hz is the absolute minimum necessary to 
reproduce sounds within the range of human hearing, 

though higher rates (called over sampling) may 
increase quality even further by avoiding any aliasing 

artifacts around the Nyquist frequency. The sample rate 

used by audio CDs is 44100 Hz. Human speech is 

intelligible even if frequencies above 4,000 Hz are 

eliminated; in fact telephones only transmit frequencies 
between 200 Hz and 4,000 Hz. Therefore a common 

sample rate for audio recordings is 8,000 Hz, which is 
sometimes called speech quality. Note that very steep 

filtering (called an anti-aliasing filter) is required above 

the Nyquist frequency in order to prohibit signal above 

this cutoff point from being folded back into the audible 

range by the digital converter, and creating the 
distorting artifacts of aliasing noise.  

The most common sample rates, measured in kilohertz 

(kHz, or 1,000 Hz), are 8 kHz, 16 kHz, 22.05 kHz, 
22.25 kHz, 44.1 kHz, 48 kHz, 96 kHz, and 192 kHz. 

Audacity supports any of these sample rates, however 

most computer sound cards are limited to no more than 

48 kHz or sometimes 96 kHz. Again, the most common 
sample rate by far is 44.1 kHz (44100 Hz).  

In the image below, the left half has a low sample rate, 

and the right half has a high sample rate (ie. high 
resolution):  

 

 



 
Sample formats  
The other measure of audio quality is the sample format 

(or bit depth), which is usually measured by the number 
of computer bits used to represent each sample. The 

more bits that are used, the more precise the 

representation of each sample. Increasing the number 
of bits also increases the maximum dynamic range of 

the audio recording, in other words the difference in 
volume between the loudest and softest possible sounds 

that can be represented.  
 

Dynamic range is measured in decibels (dB). The 

human ear can perceive sounds with a dynamic range 
of at least 90 dB. However, whenever possible it is a 

good idea to record digital audio with a dynamic range 
of far more than 90 dB, in part so that sounds that are 

too soft can be amplified for maximum fidelity. Note 

that although signals recorded at generally low levels 

can be raised (ie normalized) to take advantage of the 

available dynamic range, the recording of low level 
signals will not use all of the available bit depth. This 

loss of resolution cannot be re-captured simply by 
normalizing the overall level of the digital waveform.  

Common sample formats, and their respective dynamic 

range include:  

• 8-bit integer: 45 dB  

• 16-bit integer: 90 dB  
• 24-bit integer: 135 dB  

• 32-bit floating point: near-infinite dB  
 

Other sample formats such as ADPCM approximate 16-

bit audio with compressed 4-bit samples. Audacity can 

import many of these formats, but they are rarely used 

because of much better newer compression methods.  
Audio CDs and most computer audio file formats use 

16-bit integers. Audacity uses 32-bit floating-point 
samples internally and, if required, converts the sample 

bit depth when the final mix is exported. Audacity's 
default sample format during recording can be 

configured in the Quality Preferences or set individually 

for each track in the Track Drop-Down Menu. During 
playback, the audio in any tracks that have a different 

sample format from the project will be resampled on 
the fly using the Real-time Conversion settings in the 

Quality Preferences. The High-quality Conversion 
settings are used when processing, mixing or exporting.  

In the image below, the left half has a sample format 

with few bits, and the right half has a sample format 
with more bits. If you think of the sample rate as the 

spacing between vertical gridlines, the sample format is 
the spacing between horizontal gridlines.  

 

 
  

 

 
Size of audio files  

Audio files are very large, probably much larger than 
most files you work with (unless you work with video 

files). To determine the size of an uncompressed audio 

file, multiply the sample rate (e.g., 44100 Hz) by the 
sample format bit rate (e.g. 16-bit) by the number of 

channels (2 for stereo) by the number of seconds. A 
completely full 74-minute stereo audio CD takes up 

over 6 billion bits. Divide this by 8 to get the number of 
bytes; an audio CD is a little less than 800 megabytes 

(MB). See compressed audio, below.  

 
Clipping  

One limitation of digital audio is that it cannot deal with 
sound pressure waves that exceed the maximum levels 

it is designed to deal with. When a signal is recorded 

that exceeds the maximum level, samples outside the 

range are clipped to the maximum value, like this:  

 

 
  

A sound recorded with clipping will sound distorted and 

harsh. While there are some techniques that can 
eliminate a small amount of noise due to clipping, it is 

always preferable to avoid clipping while recording. 
Change the volume on your input source (microphone, 

cassette player, record player) and set Audacity's input 

volume control (in the Mixer Toolbar) such that the 
waveform is as large as possible (for maximum fidelity) 

without clipping. 
 
(Courtesy Audacity manual) 


