
 
 
 

 
 
 
 
 
 

CORDA SOUL 
 
 
 
 

Headphone amplifier / DAC combination 
with built-in DSP 

 
 
 
 
 
 

 
 
 
 
 
 
 
 
 

USER MANUAL 



 
 
 
 
 
 
 
 
 
Dear music-lover, 
 
The CORDA SOUL combines a headphone amplifier, a Digital-to-Analog Converter (DAC) and a Digital 
Sound Procesor (DSP) into one high-end device. 
 
The DSP-section has S/PDIF inputs as well as an USB-input and thus can be directly connected to the 
digital output of e.g. your CD-player/streamer/television or to an USB-port of your 
computer/tablet/smartphone. 
 
Tone controls, balance control, crossfeed and a notch filter are all implemented in the digital domain with 
64-bit resolution. This accuracy is much higher than ever can be realized with conventional analog 
circuitry. 
 
The DSP also has a digital output that provides the signal after passing through the digital-processing. 
 
The first stage of our FF-technique also is implemented in the digital domain. Thus the analog output 
stages of the DAC section fully benefit and quality of sound improves considerably. 
 
The DAC-section uses two converter chips in dual mono mode. A classic brick-wall filter and a minimum 
phase filter allow for small sonic adjustments to personal taste. The symmetric output signals are directly 
send to the amplification stage without any desymmetrisation. This keeps the signal paths short and 
direct. 
 
The amplification section of the SOUL has headphone outputs and pre-amplifier outputs. There also is a 
pair of analog inputs. All analog inputs and outputs are fully balanced for an optimal sound quality. 
 
The very sophisticated discrete volume control is extremely transparent and offers superior channel 
balance. If desired volume control can be trained to respond to an infrared remote control. 
 
Volume control is achieved by changing the feedback impedance in the output stage. Unlike conventional 
solutions this keeps the Signal Noise Ratio high, even at low volume settings. 
 
To obtain the best possible results we ask you to read these instructions carefully. The SOUL was 
developed by music-lovers for music-lovers and we hope that it will serve you well for a long time. 
 
 

 
 

Jan Meier 



Power 

 
The SOUL has a built-in powersupply and can be connected to mains by a standard IEC powercord. The 
amp runs on any voltages between 85V and 265V AC. It also can be fed by DC voltages between 120V 
and 370V. 
 
After connection the SOUL can be switched on/off by the power switch at the right front-side. While 
switched on, the indicator next to the power switch will be lit. 
 
The power consumption is approximately 20 Watts. For environmental protection we advice to switch the 
device off if it is not used for a longer period of time. After the first days of break-in there are no sonic 
benefits to keep it powered on 24/7. 
 
On the back the SOUL has a number of ventilation openings. Never cover these holes and always allow 
air to circulate freely around the device. Otherwise heat accumulation may well result in malfunctioning. 
 
 
 

 
 

Connections 

 
On the rear side the SOUL has three coaxial and three optical digital inputs as well as an USB-input. 
 
If your audio source (CD-player, Streamer, PC, television, ....) has a coaxial or optical digital output, then 
it can be directly connected to the SOUL. 
 
If your computer/tablet/musicplayer/smartphone has no coaxial or optical output or if these outputs are 
limited to lower sampling rates, then you might choose to connect the CORDA SOUL to one of its USB-
ports. Is your computer running on a Microsoft operating System then you will need to install the 
apropriate drivers first (see below). For Mac-Systems no installation of additional drivers is required. 
Android systems also can be connected but need to support USB-OTG and have a working ALSA driver. 
 
An optical digital output allows to connect the SOUL to an external DAC. All control functions of the DSP-
section are effective on this output signal and thus the device can be used as a digital processor only. 
 
The device has one pair of symmetric XLR analog inputs. However, using these inputs will merely allow 
you to amplify/monitor the incoming signal. All digitally implemented functions (crossfeed, tone controls, 
notch filter, balance, gain switch) will have no effect. 
 



The SOUL also has one pair of symmetric XLR preamplifier outputs. These can be used to connect the 
device to a poweramplifier or active loudspeakers. 
 
On the front side the SOUL has two symmetric 4-pin XLR headphone outputs. The left output has a 120 
Ohm output impedance. The right output has a zero Ohm output impedance. Many headphones do 
change their sound with the output impedance. Therefore we suggest you try both and use the one you 
like most. 
 
Please be noted that especially low impedance headphones produce different sound levels at both 
outputs. 
 

Installation of the USB-drivers for Microsoft operating systems. 

 
This section will shortly discuss the setup procedure for WINDOWS 7. Installation and verification are 
basically the same for other operating systems but will differ in detail. 
 
Make sure the SOUL is not (!!) connected to your computer yet and run SETUP.EXE contained in the 
ZIP-file that is provided by your dealer and that contains all drivers. If required by your system, please first 
unzip the file first. 
 
Follow the instructions of the setup program and connect the SOUL by USB-cable to your computer the 
moment the setup program requests to connect the “CMEDIA USB2.0 Audio Device”. 
 
After the setup program has finished please restart your computer. 
 
With the SOUL connected and powered on, check the audio-output devices in your system setup. Mark 
the “SPDIF Out, 9-USB2.0 High Speed True HD Audio” device as active output device. (Note: Depending 
on the firmware or hardware-version the name as it appears in your operating system may slightly differ). 
 
Right-click the device-symbol to show and change its properties. 
 
In “general properties” set the volume control to maximum. 
 
In “supported audio formats” activate all sampling frequencies. Deactivate DTS Audio, Dolby Digital, and 
WMA PRO Audio. Use the test button to check that all sampling frequencies are working. While doing so 
monitor the sampling indicators. 
 
The USB-input of the SOUL should now be fully operational. 
 



Selection of the input source of the DSP section 

 
The active digital source for the DSP-section can be selected by the rotary switch at the centre of the 
frontplate. There are three coaxial, three optical and one USB-inputs. 
 
If valid digital data are received then the sampling frequency of the data stream will be indicated by one of 
the six sampling-rate indicators. The SOUL accepts digital data with sampling frequencies of 32, 44, 48, 
88, 96, and 192 kHz. An additional indicator checks whether the internal data stream has 16 or 24 bit 
resolution. 
 
When the input stream is "paused" or has zero amplitude the indicators will be inactive. 
 

Selection of the input source of the amplification section 

 
A switch to the right of the headphone outputs allows to choose between amplification of the analog input 
signals and the signals of the DAC section. 
 
Please be noted that all digitally implemented features (tone control, crossfeed, notch-filter, balance, 
gainswitch) are not active when an analog input signal is amplified. 
 
With the analog inputs selected the DSP section is still active. This allows to bypass the internal DAC-
section and use an external DAC-device while still using all the digital control options offered by the DSP. 
 
For this the digital input of the external DAC is connected to the optical output of the SOUL and the 
analog outputs of the DAC are connected to the analog inputs of the SOUL. The external DAC will be fed 
by the (processed) signals as choosen by the digital input selection switch whereas the SOUL 
simultaneously amplifies the analog output signal of this external DAC. 
 
 
 
 

 
 



Volume control 

 
The volume of the CORDA SOUL is controlled by the large dial at the right side of the front panel and is 
increased by clock-wise rotation. Volume can not be changed continuously but is in-/decreased in 63 
small steps by the switching of electromechanical switches (so-called relays). Typical step-size is 
approximately 0.8 dB but is larger at very low volume settings. As a visual indicator with each step the 
power indicator toggles it's color and intensity between red and bright orange. 
 
An additional switch to the left of the volume control allows to change the gain factor of the amplifier by 
+/- 6 dB. When pushed down the gain is set to LOW and the gain indicator becomes green. In the middle 
position gain is MEDIUM and the indicator is inactive. In the upper HIGH gain position the indicator is red. 
 
The gain switch is effective on all outputs, including the digital output of the internal DSP-section, but has 
no effect on amplification of the analog input signal. 
 

In USB mode please set the software volume controls on your computer to maximum! 
 
This has to be done both in your media-application as well as in the soundcard device settings in your 
operating system. With non-maximal volume the digital resolution of the signal will be lowered and sound 
quality will be reduced. 
 
It should be noted that windows-software does not automatically guarantee a bit-perfect transfer of the 
original audio-data. Depending on the player software used and on the software settings the original data 
are resampled and/or resized which can have a major effect on sound quality. For optimal sonic results 
the user may use a software-solution (e.g. ASIO-software, Kernel-Streaming for XP operating systems, 
Wasapi for Windows7/8/10) that guarantees a bit-to-bit data transfer and thus prevents unwanted sonic 
degradation. 
 
Owners of an Apple-system also should be aware that additional audiosoftware is needed to guarantee 
bit-perfect data transfer. One possible option is Audirvana but other solutions can be found. 
 
Depending on the output level of the analog source there can be a very noticable mismatch between the 
sound levels of this analog source and the internal DAC-section. If needed the level of the analog input 
signal can be optimized internally. Please disconnect the powercord of the SOUL and remove the upper 
lid. Just behind the analog sockets there is a switch that allows to choose between ANALOG GAIN HIGH 
and ANALOG GAIN LOW as indicated on the PCB. Shift the knob towards the back of the amp for a high 
output signal. With the knob towards the frontsite the input signal will be reduced. 
 
When the preamplifier outputs at the back of the amp are not used they can be easily deactivated. This 
prevents unnessary "loading" of the output stage. Please disconnect the powercord of the SOUL and 
remove the upper lid. To the left of the amp, close to the headphone outputs a switch allows to turn the 
preamplifier outputs off by shifting the knob towards the back of the amp. The headphone outputs will 
always be on. 
 
The driving capabilities of the CORDA SOUL by far exceed that of any conventional headphone output. 
This not only guarantees less distortion, but also has the danger of severe hearing damage. 
 
While listening to headphones, we lack several feedback mechanisms on volume level that are present 
when we listen to loudspeakers. Much less distortion, no feeling of the lower frequencies by our body and 
no psychological restraints not to annoy our fellow-men easily seduces us to listen at volume levels that 
are detrimental to our hearing. 
 
Hearing damage from regular exposure to high sound levels progresses slowly but is irreversible and can 
result in permanent hearing loss or tinnitus. 
 
 

!!! Please choose your volume-setting with caution !!! 
 



Infrared remote volume control 

 
The internal potentiometer that sets the volume level of the SOUL can be trained to react to the infrared 
signals of any remote control. For this, please follow the instruction steps: 
 
- Turn on the SOUL and set the input switch to an inactive input (so there will be no sound even at high 
volume settings). 
 
- Set the gain-switch to MEDIUM so to gain indicator will turn off. 
 
- Select the two buttons from your remote control that you want the SOUL to recognize. One button will 
be referred to as “volume-down”, the other as “volume-up”. 
 
- With a thin pin (paperclip) press the button behind the small opening to the right of the volume dial until 
the gain-indicator turns red. This indicates that the learning mode is active. 
 
- Aim the remote at the IR receiver eye at the right of the front plate of the SOUL and press "volume 
down". Release the button when the gain-indicator turns off. 
 
- The gain indicator will go on again after about 2 seconds. 
 
- Repeat the previous two steps 3 more times. 
 
- After these steps are finished the gain-indicator will flash a few times and then remains on. 
 
- Now aim the remote again and press "volume-up". Release the button when the gain-indicator turns off. 
 
- The gain indicator will go on again after about 2 seconds. 
 
- Repeat the previous two steps 3 more times. 
 
- After the above steps are completed, the gain indicator will pulse several times and remain on. This 
indicates that programming is complete. 
 
- Turn the SOUL off and wait for 5 seconds. Turn the amp on again and check whether the infrared 
controls are working. 
 

Grounding and groundloops 
 
When two pieces of audio equipment are connected but differently grounded, current can start to flow that 
try to eliminate the different ground levels. These ground loop currents result in a 50/100 or 60/120Hz 
background signal that is added to the audio signal. If such a hum is heard the direct grounding of the 
PCB of the SOUL can be elevated. Please disconnect the powercord of the SOUL and remove the upper 
lid. At the right side of the amp, halfway between powerswitch and powerterminal a 3-fold pinheader can 
be found. The two pins towards the back of the amp are short-circuited by the use of a jumper. If the 
jumper is shifted or removed the PCB is grounded by an increased impedance that will minimize any 
ground loop currents. 
 
If humm still exists its cause is to be searched elsewhere. Please reposition the jumper in its original 
position. 
 



DAC-filtering 

 
The conversion of digital data into analog audio signals is not a straightforward process. During various 
steps of this process, choices can be made that allow to tune the sonic results towards the sound that is 
desired. Normally, these choices are made by the designer/manufacturer of the DAC-device. 
 
When an analog signal is digitalized it is sliced into equal intervals of time, the so-called sampling 
intervals. During each interval the digitalized signal is given a fixed amplitude. A straightforward 
reproduction of the digital data would make a signal shape as shown in the middle figure below. The 
resulting waveform is extremely rugged and to obtain a smooth signal strong additional analog filtering is 
required. However, such analog filtering is very difficult to achieve without major sonic deterioration. 
 
The situation during replay of the digital data can be strongly improved by splitting each sampling interval 
into multiple smaller time intervals and to digitally interpolate the amplitude values. This technique is 
called oversampling. The right picture below shows how each original sampling interval is split into 4 
smaller time intervals: 4-fold oversampling. The resulting waveform is much closer to the original analog 
signal and to remove any remaining ruggedness with an analog filter is much easier to achieve. 
 
With digital signals with sampling frequencies of 32, 44 or 48 kHz the SOUL automatically selects 8-fold 
oversampling. With 88 and 96 kHz signals oversampling is reduced to 4-fold oversampling. With 192 kHz 
signals oversampling is 2-fold. Thus the effective sampling rate at reproduction is always between 276 
and 384 kHz. These high frequencies allow for very smooth analog filtering. 

 

 
Without oversampling and analog filtering the digitalized response of a single digital pulse is a rectangular 
signal that has the duration of the sampling interval. Such a signal contains very fast signal changes that 
do not belong to the original analog input signal. Mathematical analysis of the digitalization process 
shows that each signal pulse has to be substituted (using oversampling and analog filtering) by a sin(x)/x 
signal as shown in the right picture below in order to obtain the most faithful reproduction of the original 
analog input signal 
 

 
 
 
However, this kind of impulse response is not without further consequences. The pulse is preceded and 
followed by a high-frequency pre- and post-ringing that by many people is thought to be the cause of the 
digital glare that very often accompanies digital recordings. The post-ringing is not the biggest problem, 



as psychoacoustic studies have shown that its effects are masked by the high amplitude of the preceding 
central pulse. However, the pre-ringing can have a clear influence on the perception of the sound. 
 
The SOUL not only uses this classic filtering but also allows an alternative filter that minimizes the pre-
ringing, but at the expense of increased post-ringing. The result, however, is a sound that feels more 
analog without any glare. There is a slight negative effect on the frequency response and phase shifts are 
introduced at the highest frequencies but these carry hardly any weight sonically. 
 
The filter characteristics are set by the switch to the right of the sampling rate indicators. In the lower 
position classic filtering is activated. In the upper position the so-called minimum-phase filtering is active. 
 
The figure below shows the typical minimum-phase pulse response and frequency characteristics for a 
sampling rate of 44 kHz (CD-quality). The characteristics for 32 and 48 kHz sampling frequency are 
similar. 
 

 
 
 
For the 96 kHz sampling frequency the post ringing is further reduced but at the expense of limiting the 
frequency-range of the output signal to 32 kHz (where theoretically 48 kHz can be achieved). Similar 
goes for a 88 kHz sampling frequency. 

 

 
 
For the 192 kHz sampling frequency the ringing is almost completely eliminated. The frequency response 
shows a slow roll-off and is down -3dB at 80 kHz. 
 

 



The FFF-technique (Full Frequency-adaptive Feedback) 

 
The human voice has a frequency range from down 100 Hz (Bass singing the low F at 87.3 Hz) upto 
around 1kHz (Soprano singing the high C3 at 1046 Hz). Although various musical instruments have a 
much wider range most (non-electronic) pieces of music stay within the frequency range of the voice as 
this is where human beings are used to express their feelings in a most natural way. 
 
The continous line in the figure below roughly sketches the average frequency spectrum of sound 
pressure of acoustic/classical recordings. As can be expected the sound pressure is evenly distributed 
from 100 Hz up to 1 kHz. 
 
For higher frequencies most of the energy originates from the harmonics of the fundamental tones below 
1 kHz and the energy/soundpressure drops with 6dB/octave. 
 

 
 
One may think that an even energy distribution implies that the average amplitudes of the acoustic waves 
within the 100 Hz .. 1 kHz frequency range are also evenly distributed. However, such is not the case. At 
higher frequencies the air moves faster and thus contains more energy. An even energy distribution 
implies that the amplitudes of the acoustic waves decrease with 6dB/octave, as shown by the dashed 
line. Above 1 kHz the drop is even faster. 

 
The picture to the left shows a high frequency sinus-signal (upper line) and a 
low frequency sinus-signal (middle line) that both have the same acoustic 
energy. As explained above the high frequency signal has a much lower 
amplitude. 
 
Summing both signals gives us the line below. By 
eye it is easy to recognize the low frequency 
contribution. However, it is much more difficult to 
see what the high frequency contribution exactly 
looks like. It is "drowned" by the much larger 
pattern of the low frequency component. 

 
To solve this problem the high frequency components can amplified before they are 
processed. The lower line at the right picture illustrates how this makes the high 
frequency components more "visible". 

 
The fundamental amplification element of a solid-state amplifier is the transistor. Unfortunately the 
transfer characteristics of a transistor are strongly non-linear and without additional measures the output 
signal of a transistor would be a strongly distorted version of the input signal. 
 
Therefore it is common use that the output signal of an amplifier is continously compared to its input 
signal and that the amplifier tries to make the difference between the two signals (apart from the 
amplification factor) as small as possible. This process is illustrated in the picture below. 



 
 
The amplifier has a non-inverting input where the input signal is 
applied (+ input). At the second, inverting input, the output signal is 
applied (- input). Making the two signals equal implies: 
 
+ Vin - Vout = 0 

 
The technique of comparing the output signal to the input signal is called "electronic feedback". 
Unfortunately it can not be made perfect. It simply is not possible to make both signals exactly equal. The 
output signal will always be slightly distorted, but this distortion is much smaller as it would be without any 
feedback. 
 
The circuitry that compares both the input and the feedback signals does have a limited resolution. 
Thereby the large amplitude low frequency signals will be more easily reproduced than the small 
amplitude high frequency signals.  
 
The reproduction of high frequency signals by 
an amplifier can be made more accurate by 
changing the balance between the low 
frequency and the high frequency contents. This 
is illustrated in the figure to the right. 
 
Both the input and the feedback signal are "reshaped" in exactly the same way by two equalization 
stages, thus emphasizing the high frequency components. This makes the comparison of the high-
frequency signals at both inputs of the amplifier much easier. Meanwhile there is no emphasing at the 
output of the amp and the frequency response of the system remains flat 
 

In a multistage amplifier signal shaping 
is only needed at the input and at the 
feedback loop of the very last 
amplification stage. 
 
Frequency adaptive feedback improves 
the definition of the middle and upper 
frequencies. Sound becomes more 
fluent and better defined. Micro-detail 
is enhanced. 

 
It should be noted that reshaping signals by the two additional processing blocks will add some distortion 
by themselves. However, with an analog amplifier this reshaping can be achieved using relatively simple 
electronic networks that contain resistors and capacitors only. These passive elements are much more 
linear and less noisy than any active amplification stage involving transistors. If high quality components 
are used, the distortion they produce is negligible compared to that of the amplification stage. The wins 
are much larger than the losses. 
 
With the SOUL the situation is even more ideal. The shaping of the input signal already can be done by 
the DSP section with a precision that can not be achieved with any analog circuitry. And this also strongly 
"unloads" the DA-converter chips inside. We therefore call it Full Frequency-adaptive Feedback. 



Tone controls 

 
The four dials at the right upper side of the SOUL are tone controls that allow to to optimize the sonic 
balance to personal taste. 
 
In the upper position these dials have no effect and the frequency response of the amp/DAC is even. 
 
Turning the left most dial (LLF) in clockwise direction will increase all frequencies below 170 Hz in steps 
of 0.8 dB to a maximum of +4 dB. Counter-clockwise rotation will simarly decrease these frequencies 
down to -4 dB. 
 
The second dial from the left (LF) de-/increases all frequencies below 500 Hz. 
 
The third dial from the left (HF) de-/increases all frequencies above 1500 Hz. 
 
The fourth and last dial (HHF) de-/increases all frequencies above 4500 Hz. 
The first position of the HHF dial does not lower frequencies by 4 dB but activates the de-emphasis curve. 
 
CD's from the early days sometimes have the amplitudes of the high frequencies increased to improve 
their effective resolution. During playback the high frequencies are automatically corrected/reduced if this 
so-called emphasis is recognized by the CD-player. 
 
Apart from the audiodata a S/PDIF stream also contains control data. If these indicate that the audiodata 
are emphasis encoded the SOUL will automatically activate the de-emphasis curve. The emphasis 
indicator to the left of the HHF switch will turn on. The functionality of the HHF remains intact. 
 
However, not all S/PDIF outputs do pack the control data properly into the data stream. With these 
outputs the de-emphasis curve can not be activated automatically. If needed it can be done by hand by 
turning the HHF switch to its left-most position. Please note that the emphasis indicator will not turn on 
and that further functionality of the HHF switch is not unavailable. 
 
Should you have a CD that sounds unnaturally bright, please check the internet whether it may have 
emphasis encoding. Correct by hand if needed. 
 
The effects of the four tone control dials are cumulative. 



 

 

 

 

 



Clipping 

 
The use of the tone controls can have serious consequences for the integrity of the digital signal. 
Especially if the large, low frequency contents are increased with the LLF and LF tone control dials the 
edited signal may exceed the maximum signal level allowed by the digital system and the signals are 
abruptly truncated. The signal is "clipping" in the digital domain. 
 

Clipping will result in a very harsh sound that only occurs at the 
highest sound levels. It can be remedied by lowering the internal 
digital gain using the switch to the left of the volume control. 
 
The effect will be more readily occur when using the digital 
output on the rear of the SOUL. Using the internal DAC-section 
there is more headroom (thanks to the FFF-technique which 
lowers the signal amplitude of the low frequency components) 
and clipping will be less likely to happen. 
 
As a rule of thumb, when using the digital output and 
considerable signal increase through the LLF and LF dials, the 
gain switch should be set to LOW. This internally lowers the 
digital signal by a factor 2 (6dB). However, if tone controls are 
used moderately or with a low level digital input signal the 
MEDIUM setting can still be very usable. The HIGH setting 
should only be used if the original input signal is very low. 
 

When using the internal DAC section the gain switch normally can be set to MEDIUM without adverse 
effects. HIGH gain can be used on low level signals or with moderate use of the tone controls. 
 

Channel balance 

 
In stereo mode and in headphone crossfeed mode the second dial at the left side of the front plate has 
two different functions that can be selected with the switch to the right side of this dial. 
 
With the delay/notch/balance switch in lower position the dial changes the volume balance of the two 
audio signals. People with bad hearing thus can compensate for different sensitivities of their ears. 
 
In the middle position of the dial both signals are amplified equally. In dial positions to the left the right 
channel is attenuated and balance shifts towards the left. In dial positions to the right the balance shifts 
towards the right audio channel. 



 

The notch filter 

 
With the delay/notch/balance switch in upper position a 6dB, Q=2 notch-filter is activated and the position 
of the dial sets the central frequency of this filter. At it's left-most position the filter frequency is 6 kHz. At 
it's right most position the notch/dip is at 11 kHz. 
 

 
 

Many (even high-end) headphones do have one or two distinct resonance frequencies in the 6..11 kHz 
range due to the entrapped air-volume between driver and ear. Proper application of the notch filter will 
lower the energy at the resonance frequency and our tests (using HD800, HE-500, T1, ...) have shown 
that this can result in a remarkable improvement of quality of sound. 
 
To check whether and at what frequency your specific headphone does have such a resonance you may 
try to find model-specific measurements in the internet. A mere adjustment by ear is more difficult to 
achieve. 
 
The exact filter frequencies are (from the left-most switch position to the right-most position): 
 
6000, 6380, 6770, 7200, 7650, 8130, 8630, 9170, 9750, 10350, 11000 Hz 
 



Headphones and directional listening 

 
In normal daily life people use various mechanisms to locate sources of sound. 
 
Firstly, the sound of a source to the right side of the listener (e.g. the right loudspeaker) not only reaches 
the right ear, but, attenuated and delayed, is also heard by the left ear. The level of attenuation and the 
delay time of this crossfeed signal provide important directional information. 
 
Secondly, the sound waves are partly absorbed and partly reflected by the tissues of the head. 
Reflections at the oracles (pinnae) interfere with the sound waves that directly enter the ear-channel and 
amplify or attenuate specific frequency components. Since these reflections depend on the direction of 
the sound wave, the “color” of the sound changes with the direction of the source. 
 
Thirdly, reflections of the sound waves from the walls, ceiling and floor of our listening room produce 
reverberation that conveys an extra feeling of space. 
 
The information obtained by these mechanisms is further refined by movements of the head. Changes in 
sound levels, delay times and sound color refine the sense of direction. For a demonstration, blindfold a 
friend and ask him to locate a ticking clock that you have hidden in the room. He will start turning his head 
although he can’t see anything. With his head in a fixed position, an exact localization is much more 
difficult. 
 
All these mechanisms are missing when we listen to music by headphones. The sound at the right ear will 
no longer reach the left ear, and pinnae-reflections no longer interfere with the original soundwave. 
Moreover, the headphones are directly attached to our head, and so head movements no longer add 
information. Reverberation is also not present. 
 
As a result, the sound heard by headphones seems to stick to the inside of our head and an unnatural 
soundfield is created. The brain misses logical clues for direction, and this subconsciously results in 
mental stress. Some people cannot tolerate this stress and are unable to use headphones for longer 
periods of time. 
 

The natural crossfeed filter 

 
In principle, digital soundprocessors can simulate all the mechanisms for directional listening, but the 
results are, thus far, not very satisfactory. In particular, pinnae-reflections are very complex and listener-
specific and impossible to simulate accurately. 
 

Fortunately the main directional information is provided by the time 
delay and level of attenuation of the sounds that reaches the 
opposite ear and the crossfeed filter of the CORDA SOUL can 
electronically simulate this process. In headphone mode the signals 
of each of the two stereo channels will be slightly delayed, 
attenuated and next added to the signal of the opposite channel. 
This considerably reduces the adverse symptoms of headphone 
listening. 
 
A unique feature of the crossfeed circuitry of the CORDA SOUL is 
that it “recognizes” the virtual positions of the instruments and 
singers in a recording. The sound of an instrument in the middle of 
the soundstage will be equally present in both audio-channels and 
isn’t given any crossfeed. A crossfeed signal is only generated for 
instruments that are not placed at the center. The more off-center 
the instrument is placed, the stronger the crossfeed and the longer 
its delay. This feature is called “natural crossfeed” and results in a 
more precise imaging than can be achieved with more conventional 
crossfeed filters that even produce crossfeed with mono-signals. 



The crossfeed filter of the CORDA SOUL can be regulated with the first dial from the left. In its middle 
position the filter is deactivated and amplifier runs in normal stereo mode. Turning the dial clock-wise will 
activate the headphone crossfeed filter and increase the intensity of the crossfeed in 5 steps. 
 
 

 
 
 
 

Tonal balance with activated crossfeed filter 

 
Psychoacoustic studies have shown that our sense of direction is mainly determined by the sonic 
components with frequencies upto 1.5 .. 2 kHz. To keep the sonic signals as much as possible in their 
originial state the crossfeed filter does not effect signal components above this frequency. 
 
With crossfeed activated lower frequency signals are no longer present in one channel only but are now 
more evenly distributed over both channels. They are less isolated and become a more integrated part of 
the soundstage. They no longer stand out and this may feel as if the energy in the frequency range below 
1.5 kHz is slightly reduced. This can be compensated by the third tone control switch which allows to 
slightly reduce all components above 1.5 kHz and thus to restore the perceived sonic balance. 
 



Loudspeaker crossfeed 

 
By nature the soundstage produced by loudspeakers in a stereo-setup is limited to the space between 
these speakers. Reflections of the sound waves from the walls as well as reverberation may create an 
enhanced feeling of spaciness, but the position of a source of sound will always be projected within the 
boundaries of the speakers. 
 
With music that requires a wide sounstage (large orchestral or choral music for instance) the limitations 
given by the speaker-setup often result that the most outwards instruments or singers are not projected 
“full-body” but in a relatively small space in the direction of the corresponding speaker. This can strongly 
hamper live-feeling, especially when the loudspeakers are placed relatively close to each other. 
 
The sound of a source to the right side of the listener not only reaches the right ear but, attenuated and 
delayed, is also heard by the left ear. However, since it has to travel a longer way to reach the left ear it 
will be slightly delayed in time. And because of the shadowing effect of the head it will also be smaller in 
amplitude. The level of attenuation and the delay time of this crossfeed signal provide important 
directional information. Within a speaker setup the amount of signal that reaches the opposite ear is 
always relatively large and the delay time is relatively short. This prevents the brain from “detecting” wider 
angles. 
 
The CORDA SOUL can electronically enhance the soundstage. With the crossfeed dial set to a position 
left from the middle loudspeaker crossfeed is activated. The signal of the right stereo channel will be 
slightly delayed and attenuated and next subtracted from the signal offered to the left loudspeaker. This 
delayed signal will reach the left ear at the same time as the original right channel signal that comes from 
the right loudspeaker and, as it has opposite phase, it will partly cancel this original signal. Thus the 
amplitude of the right channel signal that reaches the left ear is effectively lowered. The brain interpretes 
this as an increase of the angle by which the sound is to be projected into the soundstage. 
 
The same process is also performed for the left channel signal. Thus the total soundstage is widened 
beyond the limits of the speakers. Instruments normally projected in the direction of the loudspeakers get 
more body and live-feeling is enhanced. 
 
The effect is made stronger with counter-clockwise rotation of the crossfeed dial. The optimal choice for 
the crossfeed intensity level is a matter of personal taste and may well depend on the loudspeakers, the 
choice of music, and the listening envirenmont. 
 

 
 



The optimal delay time for loudspeaker crossfeed is not an universal value but is determined by the angle 
by which the loudspeakers are seen from the listening position as well as by the size and shape of the 
head of the listener. With loudspeaker crossfeed activated it can be controlled by the second dial from the 
left. In clock-wise direction the delay will increase. 
High loudspeaker crossfeed levels are normally required with loudspeakers close together and lower 
levels are more usuable with loudspeakers further apart. Therefore the range of the delay differs for 
various crossfeed settings. 
 
first (left most) position (strongest level of crossfeed): 180 .. 340 microsecond @ 400 Hz 
fifth position (lowest level of crossfeed): 230 .. 430 microseconds @ 400 Hz 
  
With the loudspeakers placed at an equilateral triangle the optimal delay is around 300..350 microsecond. 
 
The optimal delay time is critical for the tonal color by which we hear the instruments that are placed at 
the boundaries of the soundstage. If it is not set properly then certain frequency components will be 
slightly reduced or accentuated (due to the so-called comb effect). In order to find the best personal 
settings we advise to connect the SOUL to a computer by USB and listen to a mono-recording. Inside the 
Media-Player set the balance to one channel only. Direct your face to the middle of the loudspeakers. 
With speaker crossfeed activated the tonal quality will slightly vary with the delay time. When the delay 
time is set properly the tone will be rich and full-bodied over the entire frequency spectrum. 
 
The effect and thereby the benefits of loudspeaker crossfeed is mostly present with recordings that have 
a wide soundstage. Its effect is subtle but can be very helpfull. With small scale “narrow” recordings the 
effect will be far more difficult to be noticed. 
 
It should be noted that the crossfeed circuitry of the CORDA SOUL “recognizes” the virtual positions of 
the instruments and singers in a recording. The sound of an instrument in the middle of the soundstage 
will be equally present in both audio-channels and isn’t given any crossfeed. A crossfeed signal is only 
generated for instruments that are not placed at the center. The more off-center the instrument is placed, 
the stronger the crossfeed. This guarantees that the filter has no influence on the sound of more central 
instruments or singers. 
 
 
 

Technical data 

 
 
Measures: 30.0 x 25.5 x 9.3 cm. 

Weight: 2.7 kg. 

Power supply: 85V .. 265V AC / 120V .. 370V DC. 

Power uptake: 20 Watts. 

Maximal amplification (1 kHz): -6 / +6 dB analog input. 

Maximum effective output voltage: 18 Vrms (9 Vrms analog input). 

 8 Vrms digital input. 

Maximum output current: 600 mA / channel. 

Frequency range: DC .. 80 kHz analog inputs. 

 DC .. (14.5 kHz .. 80 kHz) digital inputs. 

 (upper limit depending on sampling rate and digital filter selected). 

Input impedance: 40 kOhm balanced. 

 20 kOhm unbalanced. 

Output impedance: 0 / 120 Ohm (headphone). 

 120 Ohm balanced preamplifier outputs. 


