Clocking Philips CD960

Philips CD-960 was the last Philips high class CD player. Philips in fact launched during 90s a couple of Marantz CD players that used similar state of the art Philips technology (Philips used to own Marantz back then), but the CD960 was the last one that actually had Philips case and logo. Please note also that the Marantz CD94 is practically the same unit. A CDM-1 swing arm mechanism and SAA7210/SAA7220/TDA1541 chipset were employed. Die cast chassis, mains choke filter followed by decent mains transformer, very good discrete voltage regulators, use of decent Elna for High-Fi reservoir caps and Elna Cerafine caps for local decoupling were the main contributors to its pretty good overall sonic qualities. 

     Clock Distribution & Frequency Dividing

The player originally uses a classic clocking scheme where internal SAA7220 inverter along with external crystal forms Pierce type master oscillator, and which tact is forwarded also to the SAA7210 decoder. As with Philips CD304 MkII, I reworked this clocking scheme, installing completely new Colpitts type oscillator. SAA7220 oversampling filter itself was removed from I2S path and word clock and data are sent directly from SAA7210 to TDA1541. Instead of going with any sort of reclocking I again settled on the purest approach and clocked TDA1541 directly from the master clock. This means that, other than the master clock frequency, which is 11.2896 MHz, there is a request for 2.8224 MHz, which matches SAA7210 output frame. (It is 64 bits frame, as opposed to the SAA7220 which outputs 32 bits frame and thus 5.6448 MHz for 4x oversampling.) Please note that the non -A version of TDA1541 (which is in fact used in CD-960), can also accept completely separate clock to trigger the output (pin 4 is a "system" clock input, and clock present at this input is the one that triggers the output), and in that case this can be either 2.8224 MHz or 5.6448 MHz. In the CD960 the pins 2 and 4 of TDA1541 are tied up together so this trace should be cut in that case, and TDA1541 will still need normal bit clock at pin 2 to clock the data into internal registers (this one must be 2.8224 MHz for non oversampled signal coming from SAA7210). Once again, this is not the option with -A version of the chip, which doesn't have a separate system clock input, and which output is always triggered by the bit clock (pin 2).

A classic binary counter like 74xx161 can be used for frequency dividing, but here it was done with two D flip-flops in series. Each flip-flop halves the frequency of the clock present at its CP input, provided its Qnot output is tied up to the D input. To ensure proper operation, Preset and Clear pins should be tied high. Thus we finish with this:
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Timing (setup/hold) will be fine with respect to the SAA7210 timing. Smart guys will ask is it really OK to use both flip-flops of one 74xx74 package, and my answer is yes, because there are no problems that spoils the actual signal transition. The picture below shows the waveform of the signal sent to the TDA1541(A) pins 2/4, and you may notice a spike in the middle of output square. This is caused by the first flip-flop output signal waveform, which also has the overshoot. It breaks through to the output of the second flip-flop because the two flip-flops are using the same supply/decoupling, and PSSR of these logic devices practically does not exist.


           


And here is a better view. Again, this has nothing with actual signal transition but if you are still worried about this and you want to keep these irregularities away from TDA1541(A), two optional caps from the circuit above can be used to slow down the edges and thus tame this waveform. The waveform shown here was taken using all 68R resistors and no caps. The first cap will solve the spike and the second cap will damp the overshoot of the output waveform itself. A few tens of pF will be enough in most cases. You have to return these caps to the ground of flip-flop local decoupling cap.
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Another smaller spike that can bee seen at the picture above and located at one quarter of the squarewave is caused by the waveform of the incoming master clock. This master clock waveform is displayed below. I'd rather avoid to slow the edges of the waveform like this.
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     The Clock

The clock used was a Colpitts type oscillator, known for its good jitter performance. A lot of its actual performance however depends on the circuit details and the parts used. You can even use Linear Technology SwitcherCAD to investigate this. To make a start easier, this software educational database includes two examples of Colpitts oscillator. You have to run a transient analysis and then to apply FFT. You want to see one frequency, as clean as possible. Of course, a relevance of simulated results is solely associated to the reliability of SPICE models used for the simulation. For more info on this or other oscillator types, please search Google, or probably simpler, search for a Kwak Clock. If you still don't feel able to make a clock by yourself, you can contact Mr Kwak who can supply ready made clock module and which is a result of long term development and experience with clocks in the audio. Jim Hagerman's clock is similar and it should work well too.
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And the next picture shows the clock in its final place. This was the only space I found convenient for this purpose. The space available is about 5 x 6cm in size so there was no place to install S/PDIF output reclocker. The clock is quite close to the output analog stage but fortunately no apparent issues were encountered. The cable between the clock board and decoder board caries the master clock signal. 
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And the next picture shows the way the bit clock is routed to the TDA.
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     J-test plots 

One may now want to read some tirade on the jitter theme. Sorry, the things with the clock are not as simple as you may think reading some stuff published around. Firstly, it is important to understand that the notable improvements caused by the new clock is associated to the improved layout - the new clock uses own transformer and thus its supply path stays away from the other signals paths. Then, this new clock uses extremely low noise supply. Then yes, we can talk about the jitter.

For some, or even for the most of the readers, these plots may come as surprise. But first, the plots themselves, as I got them before and after I installed the new clock. Before:
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And after:

         [image: image8.png]oquency Bl






So what, the jitter is higher after the mod? No. Overall level of artifacts is indeed higher but those familiar with J signal will notice that the first plot is suspicious. It lacks the embedded content of (16 bits) J-signal. So, how is this possible? I have to admit that I don't know (yet) the way the SAA7220 may contribute in this regard (it was in before and out after the mod) but I'd explain this by mixed amplitude and frequency modulation, that exists in the first case. Amplitude and frequency modulation artifacts are the same in frequency but their phase is opposite and they thus can cancel each other. Unfortunately I haven't had anything at hands to inspect performance of the clock line directly. 

For the record, the S/PDIF output jitter performance didn't change any significantly. This one remained defined by the performance of the SAA7220 S/PDIF output stage which was left to drive the S/PDIF line directly. To improve on performance of S/PDIF output of SAA7220, an S/PDIF reclocking is a minimum, and S/PDIF line driver is recommended.

     Non-oversampled CD960 and Muting

After I discarded the digital filter I was faced with very annoying clicks, pops and noises during the tracks changes. Even the pause wasn't muted, it's been producing a looped short sequence. As I have removed the second opamp stage, leaving the I/V to drive the output directly, I firstly tried solving this puttig back the output "KILL" relay in circuit, to no avail however, the problem remained unchanged - this relay simply doesn't perform this task. The S/PDIF output on the other hand has been still doing the mute flawlessly. Eventually I managed to realize that the decoder mute pin has been left unused, and all the muting was performed solely in the digital filter. So, I tied up decoder mute pin (11) to the same mute logic that drives the mute pin of the filter (23), and it worked like a charm. 

The picture below shows two wires that cary the word clock and data lines to bypass the SAA722. The third wire controls the mute pin of SAA7210. Other than two clocks which connections are shown on the pictures above, this is the only additional wiring one has to do to install the separate clock and to bypass the oversampling filter.
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