Small audio amplifiers

Many electronic projects require the use of a small audio amplifier. Be it a radio transceiver, a digital voice recorder, or an intercom,
they all call for an audio amp that is small, cheap, and has enough power to provide adequate loudness to fill a room, without
pretending to serve a disco! About one Watt RMS seems to be a convenient size, and this is also about the highest power that a simple
amplifier fed from 12V can put into an 8 Ohm speaker. A very low saturation amplifier may go as high up as 2 Watt, but any higher
power requires the use of a higher voltage power supply, lower speaker impedance, a bridge circuit, or a combination of those.

During my many years building electronic things | have needed small audio amps many times, and have pretty much standardized on a
few IC solutions, first and and foremost the LM386, which is small, cheap, and very easy to use. But it does not produce high quality
audio... For many applications, the advantages weigh more than the distortion and noise of this chip, so that | used it anyway. In other
cases | used different chips, which perform better but need more complex circuits. Often these chips were no longer available the next
time | needed a small amplifier.

When | last upgraded my computer, | replaced the old and trusty Soundblaster AWE 32 by a Soundblaster Audigy. The new card is
better in many regards, but while the old one had an internal audio power amplifier, the new one doesn't! That's bad news, because |
have some pretty decent speakers for the PC, which are fully passive. So, I built a little stereo amp using two LM386 chips and
installed it inside the computer, fed by the 12V available internally.

But then | wasn't satisfied. The LM386 might be suitable for "communication quality” audio, which is roughly the fidelity you get
over a telephone, but for music it's pretty poor! The distortion was awful. So, the day came when | decided to play a little more
scientifically with small audio amps, looking for a way to get good performance with simple and inexpensive means.

I set up a test bench with a sine wave oscillator running at 1 kHz, an 8 Ohm speaker, 12V power supply, and the computer with the
soundcard and Fast Fourier Transform software. One channel was connected to the oscillator together with the amplifier input, the
other channel to the output and speaker. With this setup | measured the harmonic content of the audio signals. | did the tests at an
output level of 0.1W, which is typical for moderately loud sound from a reasonably efficient speaker. Also, | used a music signal from
a CD player to test the actual sound of each amplifier.

Below are the results.



As already said above, the main attraction of the LM386 is the extreme simplicity of its application circuit. You can even eliminate R1
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if the signal source is DC-grounded. If the speaker leads are
long, you should add an RC snubber across the output to aid
stability. Additionally, if you need higher gain (not necessary
if the input is at line level), you can connect a 10uF capacitor
between pins 1 and 8. That's about all there is to it.

Now the bad news: This circuit produced a very high level of
distortion! The second harmonic measured just -28dB from
the main output. The third harmonic was at -35dB, while the
noise level was at -82dB. There were assorted high
harmonics at roughly -45dB. With music, the distortion was
really disturbing, and also the noise level was uncomfortably
high. The power supply rejection is poor, so that some hum

and other supply noise gets through. In short, this was a lousy performance!

Since | had used so many LM386s in my projects, | had several different variations. In my material box | found a slightly newer
LM386N-1. So | plugged it into my test amplifier. It was even worse! The second harmonic was at -24dB, the third harmonic at -
31dB, while the noise was a tad better at -84dB. Folks, that's a total harmonic distortion of almost 7%! And the 0.1W output level at
which this was measured is where such a circuit is about at its best... The distortion can be plainly seen on the oscilloscope, and a
visibly distorted waveform is about the most offending thing an audio designer can ever see!

Looking through my projects, | found one where | had used a GL386 chip. This is just a 386 made by another company. | unsoldered
it and put it in my test amplifier. Surprise! It was dramatically better, with the second harmonic at -45dB, and the third at -57dB! The
noise floor was -84dB, just like the LM386N-1. But even this level of distortion was plainly audible when listening to music. That's
roughly 0.6% THD. Some folks may consider it acceptable for music. | don't, but for communication equipment it's fine.



At this point, | decided to see if | could build a better amplifier, that doesn't become too complex nor expensive.

This was the first attempt. A low
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when it worked much better than the 386!

The second harmonic was at -77dB, the
third at -79dB! Also there were many high harmonics at roughly -84dB. That means a THD of about 0.015%. The noise floor was
down at the -120dB level! The power supply rejection was excellent, with no detectable feedtrough. Playing music, this amplifier
sounded really good: No audible noise, and the distortion could be heard when paying attention to it, but I doubt that the average
person would detect it! Not bad, for a bias-less design!

Just to see how important the slew rate of the OpAmp is, | pulled out the NE5534 and replaced it by a humble 741, which is many
times slower. The result was dramatic: The second harmonic still good at -70dB, but the third harmonic was much worse, at -48dB.
Also there were many high harmonics at the same -48dB level. Given that second harmonic distortion doesn't sound bad to most
people, but third harmonic does, and high harmonics are even worse, it came as no surprise that the amplifier with the 741 sounded
bad. At low volume it sounded particularly bad! So I returned to the oscillator and measurement setup, testing at lower output power,
and found that while the second and third harmonics followed the output, the high harmonics stayed mostly constant! So, at very low
output, the high harmonics became very strong relative to the output. All this is the effect of the slower slew rate of the 741, which
makes it less effective correcting the crossover distortion of the unbiased transistors.



Interestingly, the noise floor of the 741 circuit wasn't bad: -118dB.

Just for fun, I tried this circuit with a third OpAmp: The TLO71, which is good, but not as good as the 5534. The results: Second
harmonic at -72dB, third and the high ones at -60dB, and the noise at -120dB. It's interesting that the second harmonic is much more
suppressed than the third one. That must be a balancing effect of the symmetric output stage, and the better symmetry in the TLO71
compared to other OpAmps.

It's worthwhile to note that this amplifier can be simplified a lot by using a split power supply. R1, R2, C1, C2 and C4 would be
eliminated! But then you need the capacitor removed from C4 to bypass the negative supply line. The positive input of the chip goes
to ground, while pin 4 and the collector of Q2 go to the negative supply. The rest stays the same.

If you use a +-15V supply, the available RMS output power grows to over 10 Watt! Of course, you then need larger transistors. And
since larger transistors are slower, the distortion will rise somewhat.

An added benefit of a split supply is that the popping noise when switching on and off is eliminated.
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was down right where the test oscillator delivered it, about -80dB, so I couldn't really measure it! The third harmonic was at -84dB,
and the best improvement was that the higher harmonics had simply disappeared! They were all below the noise floor, which stayed at
-120dB. Actually, this noise floor seems to come from the soundcard A/D converter, so that the actual noise of this and the above
amplifier may even be better! With music, this amplifier sounded perfect - clean and smooth. And I'm pretty confident that the THD is
well below the limits of my measurement setup, which is 0.01%.

The quiescent current was around 10mA. When lowering it to about 3mA, the high harmonics started to rise out of the noise floor. If
you want to adjust the bias for the exact best quiescent current, there is a simple trick: Lift R4 from the output, and connect it to pin 6.
Now the output stage has been left outside the feedback loop, and all its distortion will show up at the output. Watching the signal on
an oscilloscope, or even better on a real time spectrum analyzer (soundcard and software), adjust the trimpot to the lowest distortion
level. Have a current meter in the supply line and make sure that you don't exceed 30mA or so of quiescent current, in order to keep
the small transistors cool. But most likely the best distortion will be at a current lower than that. Once the adjustment is complete,
return R4 to its normal position. Now the full gain and slew rate of the operational amplifier is used to correct the small remaining
cross-over distortion of the output stage, and the distortion will certainly disappear from the scope screen, from your ears, and possibly
fall below the detection level of the spectrum analyzer!

This circuit can also be run from a split power supply, by exactly the same mods as for the previous circuit. And since the transistors
are properly biased, there isn't any significant distortion increase when using larger transistors. Be sure to use some that have enough
gain - you have only a few mA of driving available, and with a +-15V power supply and an 8 Ohm speaker, there can be almost 2A of
output current! So, you need a gain of 300 at least. There are power transistors in the 4A class that provide such gain, and these are
good candidates. The other option is using Darlington transistors, which far exceed the gain needed here. But they will again increase
the distortion, not very much, but perhaps enough to make it audible again.

The conclusions, drawn from this day of applied science, are the following:

- Integrated circuits, even if they are of the same type, are not all born alike;

- One can easily outperform a simple IC by using a few discrete parts;

- It pays to measure how a circuit performs, and not just blindly trust a textbook;
- Simple, small, inexpensive amplifiers of high performance can be easily built;
- A computer is a great laboratory instrument!



