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Summary

This report details work carried out between October 1999 and January 2000 on the “Double Decker” Disco Mixer, which is a low-cost monophonic audio mixer for use by amateur Disk Jockeys. It describes the design process (supported by laboratory work) carried out on the mixer, and gives suggestions as to how the work may be carried on to complete the design, ready for manufacture.
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1. Introduction

This report describes work to date on the design of the “Double Decker” disco mixer. Work started in early October to produce a design for a low-cost monophonic disco mixer, and several experiments have been carried out in order to test the circuit elements that will make up the final design.

Designs have also been drawn from a number of other texts, and these are credited where used.

2. Specification

The device is intended as a budget-priced mixer for disc jockeys. It will take mono inputs from two record decks and one microphone and mix them together, before feeding the resultant signal to a power amplifier.

The voltage and impedance specifications for the inputs are detailed in Table 1.

	
	Voltage level (rms at 1kHz)
	Impedance required

	Turntable inputs
	2mV
	47k(

	Microphone input
	1mV
	600(


Table 1- details of the voltage levels and impedances required at the inputs and outputs of the mixer.

The design of the mixer can be broken down into a number of functional blocks, which are shown in Figure 1.
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Figure 1- A functional breakdown of the design of the mixer.

The two record decks require IEC equalisation circuitry to correct for the behaviour of their pick-ups- they would sound very strange without it! The IEC stages may also incorporate pre-amplification and impedance matching. The microphone simply requires impedance matching and pre-amplification circuitry. The mixer circuit combines the three signals and contains the faders (volume controls) for each source. It will also provide some amplification. The tone control allows the DJ to adjust the overall sound of the music (bass, treble etc) and may consist of several circuits operating at different frequencies.

The output (with the tone control set to have a “flat” response) is 775mV rms for full output power from the power amplifier.  The power amplifier has a 10k( input impedance, and this should be allowed for.

The bandwidth of the circuit must also be considered in the design process. The system must be capable of handling the full audio bandwidth (20Hz to 20kHz) to avoid impairing sound quality.

3. Initial Design Considerations

The intention is to base the circuit design on operational amplifiers (op-amps), which are inexpensive integrated circuits that are easy to use in audio-frequency analogue circuits. It would be possible to design the entire circuit using discrete transistors, but the design would take much longer and probably be more expensive. The TL071 op-amp is well suited to our application, being an inexpensive low-noise device that is readily available. Its characteristics can be found in the appendices.

The TL071 has a gain-bandwidth product of 3 MHz, which means that in order to remain within our 20kHz bandwidth, no single amplifier stage may have an effective gain of more than 150 times.

From our specification we can see that to take the level of the microphone and amplify it to the output level requires a gain of 775, and the record deck inputs require a gain of 388 to achieve the same result. It is evident that multi-stage amplification is going to be necessary. This is likely to be implemented with some pre-amplification of the input signals, followed by further amplification after the signals have been mixed together.

All the laboratory experiments were carried out with the TL071 op-amp. However, the LM833 op-amp is recommended by a number of texts, and has much to commend it. It is a low-noise device, designed for audio applications and it contains two amplifiers within a single eight-pin package. It also has a larger gain-bandwidth product than the TL0711, 2. It only costs a few pence more, and, as it is a dual device, is much cheaper on a “per op-amp” basis. 

It seems sensible to amplify all three input signals to the same level before mixing, as this greatly simplifies the design of the mixing circuit. I suggest the use of 100mV rms as this intermediate level. This means that the microphone pre-amplifier needs a gain of 100, and the two record decks’ equalisation circuits need gains of 50.

The remaining amplification can then be made after the signals are mixed.

4. IEC Equalisation circuits

The signal from a record deck needs this special equalisation circuit in order to sound correct. The shape of the equalisation curve is defined by international standard and is shown in figure 2:
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 Figure 2- The IEC Equalisation curve, and its Bode approximation.

The break frequencies of the curve are exactly defined: at 50 Hz, 500 Hz and 2120 Hz.

We designed and built a filter circuit in the lab to attempt to meet the IEC specification, and the resulting circuit is shown in figure 2.

N.B.- All circuits in this report are shown with the power supply to the op-amps omitted for clarity.
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Figure 2- our IEC filter design
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Figure 3- Our attempt (see fig. 2) at an IEC filter, compared with the ideal response. The DC offset of 60dB on our attempt has been omitted for clear comparison with the ideal.
As can be seen from the graph in figure 3, our filter design was fairly reasonable at low frequencies, but failed to meet the specifications at a higher frequency.  This is mostly due to poor reactive network design, but the gain-bandwidth product of the op-amp may also be having an effect. The circuit also has 60dB of gain at low audio frequencies (which is significantly more than we require) and so would require a redesign before we could make use of it. A further drawback with this circuit is that it does not provide the 47k( load resistance required by the record deck.

We did not have sufficient laboratory bench time to improve our circuit to make it meet the required specifications, so I suggest using a standard equalisation circuit taken from a textbook. One such circuit is given in figure 4:
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Figure 4- A standard IEC equalisation circuit (from Horowitz & Hill3)

This circuit has 0dB gain at 1kHz, and thus a linear pre-amplifier stage should follow it. 

5. Preamplifier Circuits

The circuits used to amplify the signals from the record decks after equalisation are simple inverting amplifiers, built around the LM833 chip. These have a gain defined by Equation 1:
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Equation 1

To take the 2mV rms signal and amplify it to the 100mV level required by the mixing stage requires a gain of 50, and this is achieved by making the input resistor 1k5 and the feedback resistor 75k. The circuit is shown in figure 5.
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Figure 5 – the record deck preamp circuit (two of these are required).

The microphone preamp needs to provide a 600R load. Using E24 resistors, the nearest value is 620. I therefore suggest using an input resistor of 620R and a feedback resistor of 62k to give the necessary gain of 100. The circuit is shown in figure 6. 
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Figure 6 – the microphone preamp circuit

6. The mixing stage

The mixing stage needs to average all three signals together. This can be most simply done with a summing amplifier.

The summing amp sums the voltages (V1, V2 and V3) at its inputs and then multiplies the result by a gain factor, as shown in Equation 2. This assumes that the input resistors (Ri​) are all of the same value. 
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Equation 2

In our case we have three inputs, each at 100mV, and they then need to be at 775mV for the final output. Thus we need a gain of
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, which means that the input resistors should be 15k( and the feedback resistor should be 39k(.

This relatively small gain figure means that we stay clear of the problems of op-amp bandwidth, which can cause trouble with summing amplifiers.

The drawback to this type of amplifier is that whilst it works perfectly when all three inputs are at the calculated levels, if one input “fades out” the output voltage drops. This is not conventional behaviour for audio mixers and is a definite problem for a disco mixer, as fading one of the decks out will result in the music from the remaining deck getting quieter! Providing a “gain adjust” control for the operator to correct for this variation in gain is going to be necessary if this type of mixer circuit is to be used. This is awkward to have to use and I would recommend that research be carried out into alternative mixer stages. However, a design using a summing amplifier is presented in figure 7.
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Figure 7 – the mixing circuit (based on a summing amplifier).
The 100k( “gain adjust” control varies the gain of the circuit from 2.6 to 9.3, which allows the operator to adjust the gain to suit the number of channels that are in use (One channel requires a gain of 
[image: image12.wmf]75
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). It will not, however, fade the output down to zero, just correct for the inadequacies of the mixer circuit! For this we need to introduce faders. 10k( variable resistors seem (from catalogues) to be the most popular audio fader, but they present a problem of impedance matching. The preamp circuits have an output impedance equal to the resistance of their feedback resistors (because the inverting input is a virtual earth) and this is therefore 62k( (Mic) or 75k( (Decks). The mixer stage has an input impedance of 15k(, and the output impedance of any fader stage must be smaller than this in order not to load the outputs. Placing a 10k( fader between the output of the preamps and ground reduces their output impedance to just less than 10k(, and so it might be beneficial to introduce a buffer stage between the fader and the input to the mixing circuit. The buffer has unity gain (as it has 100% negative feedback), but has a very high input impedance (a few M() and a low output impedance (about 100 () and so removes any loading problems introduced by the fader. The fader/buffer circuit is shown in figure 8.
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Figure 8- faders and buffers (3 of these will be required)

If costs needed to be cut, the buffers could be omitted, but the effects of loading the preamp outputs might result in a reduction of sound quality, and the buffers give a degree of “safety margin” to the design for a few extra pence on the component cost of each unit.

Each channel (the two decks and microphone) needs a fader circuit, and a “master fader” is placed after the mixer stage to allow the overall volume to be adjusted.

7. Tone Controls

The final part of the design is the tone control circuitry. This allows the operator to control the sound of the music by adjusting bass, mid and treble frequencies. The well-established circuits for tone control were invented by Baxendall, and their behaviour is shown in figures 9 and 10.
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[image: image15.wmf]Figure 10- the Baxendall Bass control
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The circuits for the controls are given in figures 11 and 12.
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Figure 11- the Baxendall Treble Tone Control circuit
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Figure 12- the Baxendall Bass Tone Control circuit

These two circuits can be connected in series between the mixer output and the final output to the power amps. To keep costs down, the treble control could be omitted, but having two tone controls gives the operator greater flexibility and control over the sound.

8. Conclusions
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The overall block diagram is shown in figure 13.

Figure 13- the overall block diagram of the design 

The individual circuit blocks are cross-referenced to their designs in table 2

	Circuit Block
	Figure Number

	IEC Equalisation
	4

	Preamp (gain=50)
	5

	Preamp (gain=100)
	6

	Fader and buffer
	7

	Mixer
	8

	Bass control
	11

	Treble control
	12


Table 2 – Circuit blocks referenced to their figure numbers.

The circuit, as designed, uses 12 op-amps, so this can be easily built using 6 LM833 chips. Omitting the buffers from the faders will save two chips, but omitting the treble control will result in one op-amp being wasted. All of the circuits have been shown without the op-amp power supplies for clarity. These should allow plenty of “headroom” for the audio signal- (15V has been shown on the diagrams, but anything down to (5V should be fine. Please note that all of the op-amps need to be decoupled with 0.1(F capacitors between the supply rails and ground, to avoid instabilities introduced by the power supply.

The mixing stage is far from ideal and should be redesigned before the design goes to manufacture. Studies into the necessity of fader buffers should also be carried out, as they may prove superfluous. To really “strip-down” the mixer, the treble control could be removed, but this would very much limit the ability of the user to control the equalisation of the output. Removing it will waste one op-amp anyway, as both the treble and bass controls are implemented on the same chip.

In conclusion, there is work still to be done on the design of this product, but this should be completed in a fairly short space of time. The circuit as it stands meets the standards for voltages and impedances laid out in Table 1, and should be fairly inexpensive to manufacture, as the design has been kept as simple as possible.
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