Some Experiments in Reducing Speech Bandwidth

by John Rabson, G3PAI and Hugo Rabson

Experiments with reduction of audio bandwidth in software are described.
Introduction

The commonest speech modulation technique for ordinary cave radio systems is SSB. It makes poor use of the radio spectrum to convey speech data – an effective information rate of the order of 100Hz requires a transmission bandwidth of 3kHz. If we can reduce the bandwidth required for speech, we ought to be able to increase the range of the system, reduce the weight of the equipment, and fit more signals into a given frequency allocation.

Conventional methods of making better use of bandwidth tend to involve sophisticated processing and filtering, as in low bit rate digital transmission systems or vocoders. Might there be another more straightforward method?

Speech Pitch Reduction 

Rob Gill (1994) has described tests on a commercial speech-pitch changing IC to see if it was possible to reduce the pitch by an octave before transmission and raising the pitch by an octave at the receiving end.  Unfortunately the results indicate that the IC is not as effective for this purpose as was  hoped. 

An Alternative Approach 

In the early 1940s Dr Arnold Lynch (1975) discovered that it was possible to reduce the duration of a recorded message, without loss of intelligibility, by omitting one cycle in three from the speech waveform. Could we keep the original speed of the message, while reducing the transmission bandwidth by:

· leaving out part of the speech waveform? 

· sending the signal more slowly?

· reconstituting the missing part at the receiving end? 

· replaying the resulting signal at normal speed?

8-bit resolution

We programmed a 66MHz 486 PC plus Soundblaster to try several methods. The input was a set of broadcast quality speech passages. Except where otherwise stated the sampling rate was 44kHz. The signal was written to disk, processed by our application and again written to disk, from where it was replayed through the Soundblaster and a domestic hifi. Table 1 shows the results.

16-bit resolution

The program records from a ‘live’ sound source and simulates various types of audio compression and decompression. The user could play back:

· the original recording;

· the compressed recording (i.e. half the cycles missing) at half-speed;

· the reconstituted recording, incorporating methods No.7 to 11 (see Table 2).

The user could specify how many cycles N should contain (the following N cycles would be thrown away with all methods except No.11). The results are in Table 3.
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Also, the user could specify a minimum and maximum number of samples per ‘cycle’ at the compression stage. (If a cycle did not contain enough samples, the program would add the next cycle(s) to the buffer until the amalgamated length was sufficient. If the cycle contained more samples than the specified maximum, the remaining samples would be carried over to the next cycle.) 

Varying the minimum number of samples per ‘cycle’ from 0 to 20 did not change the received quality. Varying the maximum gave the results in Table 4.

We observed that transmissions which had already been through a telephone-quality link sounded worse than broadcast-quality audio. Background noise on the original did not always degrade the quality of the output.

Tentative Conclusions

From the above results we conclude that:

· omitting cycles produces better results than omitting samples;

· if we omit cycles rather than samples, a cycle ratio of between 10:20 and 20:40 produced good results;

· 16 bit resolution produces better-quality results than 8 bit.

These conclusions should be treated with caution. The experimenter can easily become accustomed to the sounds produced by these procedures and be too optimistic about the quality of the results – rather like a mother who understands the babblings of her toddler when nobody else can. Nevertheless, this does seem to be promising at reducing speech bandwidth. 

Ideas for Further Investigation

There are several areas to investigate:

· analogue filtering;

· repeat No. 7 but, instead of replaying each set of cycles twice, reconstruct a set of missing cycles by interpolation;

· a cycle ratio of 2:8, 4:16, etc.;

· implementation in a dedicated system (the sending end part of procedure 4 for
n = 4 took 3s for 8s of speech);

· the effect of frequency offset, e.g. in a mis-tuned SSB radio system;

· compatibility with existing radio systems.
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�
Procedure�
Received quality�
�
No.�
Sending end�
Receiving end�
�
�
1�
Omit 1 sample in 2 �
Replay each sample twice�
Gritty, somewhat “phasey”. A bit like crossover distortion �
�
2�
Omit n samples in 2n �
Replay each set of samples twice�
For n up to 64, similar to 1. For n in the high hundreds there is a noticeable echo�
�
3�
Omit 1 cycle in 2 �
Replay each cycle twice�
Rough but intelligible. Better than 1 or 2. “Sore throat” effect. 11, 22 and 44kHz all similar.�
�
4�
Omit n cycles in 2n �
Replay each set of cycles twice�
For n = 2, somewhat better than 3. For n = 4, noticeably better although with a tendency to squeak on high notes �
�
5�
High (300 Hz) and low (3kHz) pass digital filtering + omit 4 cycles in 8 �
Replay each set of cycles twice�
Noise level inferior to 4�
�
6�
Omit 4 cycles in 8 and play at half speed (22kHz) into a cassette recorder�
Replay from cassette recorder through a 1.5kHz lowpass filter, sampling at 22 kHz and saving on disk. Replay each set of cycles twice at full speed (44kHz)�
As for 4 with n = 4�
�
Table 1


�
Procedure�
Received quality�
�
No.�
Sending end�
Receiving end�
�
�
7�
As for 4 but 16 bit resolution�
As for 4 but 16 bit resolution�
Intelligible with cycle ratio of between 4:8 and 20:40�
�
8�
As for 7�
As for 7 but replay second set of cycles backwards�
Barely distinguishable from 7�
�
9�
As for 7�
As for 7 but replace second set of cycles with silence�
As if signal strength was halved; no better than 7�
�
10�
As for 7�
As for 7 but replace 2nd set of cycles with white noise�
Barely intelligible; white noise was dominant�
�
11�
As for 7�
Replace two sets of N with a ‘full wave rectified’ copy�
Sounded nothing like the original voice; barely intelligible�
�
Table 2


N�
Received quality�
�
4, 5, 8�
voice seemed to have a flutter of about 10Hz�
�
10 to 20�
acceptable; good enough to spot the accent�
�
25�
like an echo�
�
40�
it is an echo!�
�
Table 3


Cycle ratio�
Max samples per ‘cycle’�
Received quality�
�
16:32�
<50�
Spikey (the spikes occur in compressed data)�
�
16:32�
50-100�
Slightly rough, ‘clicky’�
�
16:32�
100-200�
Choppy but fewer spikes�
�
32:64�
<50�
Very choppy�
�
32:64�
50-200�
Choppy�
�
Table 4
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