the codephaser
Add a new dimension
of CW perception
to your receiver
by incorporating this
simple audio device
Pseudo-stereo reception of radio telegraphy or
CW signals has been taken up repeatedly by
amateur radio magazines. I will show that false
assumptions concerning the process of sound localization and a misconception concerning the term
group delay renders most of the published circuits
inferior or even counterproductive. Finally, I will
present a superior, easy to build and well-tried circuit
design.

sound localization
Today we know that our auditory system uses
two strong cues for estimating the azimuthal location
of sound sources, namely the interaural time delay
(ITD), caused by a longer sound path around the
head to the far ear, and the interaural level difference
(ILD), caused by the shadowing effect of the head.
ILD is minimal for low frequencies with wavelengths
greater than the head width due to diffraction which
overcomes the shadowing effect and it has been
shown that low-frequency sounds can be localized
by the interaural phase delay (IPD) alone, which is
the time delay between the fine-structure of the
signals at the two ears produced by the ITD.
For many mammals, azimuthal localization of
sound sources is achieved by an exquisite sensitivity
to the IPD of low-frequency components (<1500 Hz).
Initial processing of IPD occurs in the medial superior olive (MSO), part of the auditory system, where
neurons tuned for low frequencies are relatively
over-represented. All evidence suggests that these
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MSO neurons perform an operation of coincidence
detection between excitatory inputs from the two
ears, that they are largely insensitive to ILD and
that they exhibit a robust sensitivity to the interaural
relative phase even of pure and steady tones - not
simply to onset or envelope delay. Moreover, they
are not only sensitive to the IPD of pure tones but
also to the ITD of broadband noise, which suggests
that cross-correlation provides a more general description of their response mechanism.
With increasing frequency the number of tuned
neurons in the MSO and the ability to detect IPD
diminishes. But at the same time ILD increases and
is mainly useful above 1500 Hz, where the acoustic
shadow produced by the head becomes more and
more effective. For these high frequencies IPD presents an ambiguous cue, since the phase difference
produced by ITD exceeds 180°.
Initial processing of ILD occurs in the lateral superior olive (LSO), another part of the auditory system, where - contrary to the MSO - high-frequency
neurons are relatively over-represented. These ILD
sensitive cells are also sensitive to envelope delay,
presumedly mediating our abilities to localize modulated high-frequency sounds on the basis of the time
delay of their envelopes. Interestingly, humans can
reliably discriminate ITDs of high-frequency signals
at thresholds approaching those for low-frequency
signals, provided that the signals are not steady
tones but have a time-varying envelope, which is
the case for most natural acoustic signals including
human voice. It follows that 1) for the low frequencies involved in the reception of CW signals (<1000
Hz) the interaural level difference is negligible in
natural hearing and 2) not the interaural envelope
delay but the phase delay is definitely the dominant
cue for sound localization.
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ITD has a maximum value of about 0.63 ms with a
lateral sound source at an angle of ψ = +-90° azimuth.
With the speed of sound being roughly 343 m/s the
effective ear distance is D = 0.63 ms × 343 m/s =
0.216 m and we arrive at the following equations:
interaural phase delay:
IPD [s] = 0.216 m × sin ψ [°] / 343 m/s
interaural phase angle:
φ [°] = 360° × f [Hz] × IPD [s]
azimuthal angle:
ψ [°] = arcsin (IPD [s] × 1588 Hz)
= arcsin (φ [°] × 4.41 s / f [Hz])
The wavelenghth λ = 0.216 m corresponds to a frequency of 1588 Hz, so the lowest frequency at which
an interaural phase angle of 180° is possible is about
800 Hz which means that above 800 Hz IPD alone
should present an ambiguous cue. It has been shown
that our sound localization abilities are indeed degraded in the frequency interval between 800 and
1600 Hz.

envelope delay = group delay ?
The phase delay of a network is the time delay in
seconds that exists between its output and input for
a pure and steady sinusoidal signal with a certain
frequency. We can, for example, calculate or measure
the time it takes for the positive peak of a sinus at the
input to arrive at the output and thus we obtain the
phase delay of the network for that specific frequency. The phase response of a network describes its
phase shift in radian as a function of radian frequency
ω = 2 π f experienced by each sinusoidal component
of the input signal. So while phase delay is a single
time value for a specified frequency, phase response
is a graph of radian values for any radian frequency
within a certain interval.
The CW signals from our amateur radio receivers
sound like pure sinusoidal tones, on-off keyed in the
rhythm of telegraphy. However, their representation
in the frequency domain reveals that they are a mixture of multiple tones with a predominat carrier signal
plus upper and lower sideband signals. These sideband signals are located at odd multiples of the keying
frequency above and below the carrier and their amplitudes depend on the keying waveform. The bandwidth of a CW signal increases with the keying speed
and the steepness of the keying envelope. For
example, the average 99% power bandwidth of a CW
signal keyed at a speed of 30 wpm (words per minute)
with square-wave envelope is about 525 Hz, which
means that if we listen to that CW signal adjusted for
a pitch of 800 Hz then 99% of the signal power is
distributed within the frequency spectrum between
537.5 Hz and 1062.5 Hz. And if the amplitudes and
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phase relations of all these signal components are
not preserved, the keying envelope will be distorted
and intelligibility will be degraded.
For the following discussion, we will assume a
network with flat amplitude response that only affects
phase - active networks with this property are called
allpass filters. If we wanted to know how much a pure
and steady sine wave is delayed by such a network,
we could use the phase delay. However, since we
are interested in the delay of a CW signal, the socalled group delay seems to be our weapon of choice.
It is often said that group delay would be the time
delay of a narrow group of frequencies around a
carrier frequency and thus it would equal the true time
delay of the modulated information or the envelope
delay. Consequently the synonyms carrier delay for
phase delay and envelope delay or signal delay for
group delay are often used. However, though this
interpretation is widespread the term "narrow group"
sounds suspiciously vague - and indeed it can be so
far away from the truth that it often leads to misconceptions in circuit design and analysis.
Group delay is defined as the negative of the rate
of change or derivative of the phase response and it
has the dimension of time. It is a theoretical concept
and in practice cannot be measured directly. What is
actually measured is differential radian phase and
differential radian frequency which can be assumed
to give the approximate group delay. It is the variations
in delay at different frequencies that causes problems
and is referred to as group delay distortion.
Ideal non-dispersive delay devices, such as a
hypothetical ideal transmission line, exhibit a linear
phase response across the whole infinite frequency
spectrum. Their group delay is constant for all frequencies and may be interpreted as the envelope
delay or true time delay for any information signal
without restrictions. But real analog networks do not
behave like this - their phase response curves are
more or less non-linear, transforming to deviations
from constant group delay and causing signal distortion. So for the interpretation envelope delay = group
delay to be valid essentially all the signal power must
be contained within a frequency interval over which
phase response is linear and hence group delay is
constant. In that case the output signal envelope is
delayed by the group delay but an exact replica of
the input signal. However, if the phase response is
non-linear and hence the signal envelope is being
distorted, measurement and definition of the envelope
delay is more or less arbitrary, because it depends
on reference points on the envelope chosen for measurement and corresponding points cannot be easily
defined. It follows that if the signal falls within a highly
non-linear portion of the phase response curve, then
the signal envelope undergoes a significant change
of shape and its delay can not easily be defined,
measured or directly related to the nominal group
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delay value at the carrier frequency.

practical circuits
Several audio circuits for pseudo-stereo reception
of CW signals have been published up to now. Most
of them are quite simple, using a low-pass filter in
one and a high-pass filter in the other channel in order
to produce some sort of amplitude dispersion. Not
only that the anticipated interaural level difference ILD
will only puzzle our brains because we do not need it
and we are not used to it at the low frequencies involved, together with the always present radio noise
- being separated into hiss noise to one ear and dull
noise to the other ear - the result is a very strange,
unpleasant and unnatural sound sensation.
A more elaborate design has been published by
the RSGB's amateur radio magazine RadCom 3. I
have extensively studied the circuit and the underlying
work by F. Charman, G6CJ - his patent Improvements
relating to Radio Telegraph Receivers (GB 916843)
as well as the stereocode processor that emerged
from his co-operation with R. Harris, G3OTK. G6CJ
was convinced that not the interaural phase delay
but the envelope delay is the dominant cue for sound
localization. The stereocode processor is designed
for a group delay decreasing in one and increasing in
the other channel with frequency, so that their graphs
form an "X" with crossover at about 750 Hz and a
nominal difference of +-0.5 ms, about the time it takes
for sound from a lateral source to reach the far ear,
at the two corner frequencies of about 500 Hz and
1000 Hz respectively. According to the concept, this
differential group delay together with the applied amplitude dispersion should give a spatial hearing sensation with low and high tones progressively displaced
to both sides about the center frequency.
If we supply the unit with an audio carrier around
750 Hz modulated with a very low frequency sinewave, the envelope of the output signal is an almost
perfect copy of the input signal. We can measure the
signal delay between, for example, the peak amplitude points on the envelopes of the output and input
signal and it will be almost equal to the nominal group
delay at the carrier frequency. That is because though
the group delay of the device is nowhere constant
over a substantial frequency interval, the bandwidth
of the input signal is almost zero so that it is not distorted. However, if we suppy it with a square-wave
keyed carrier (for example a string of CW dots from
the receiver) the envelope of the output signal is heavily distorted and its edges do not resemble a square
wave any more but slowly rise and fall in exponential
fashion. That is because the square-wave keying
envelope contains many harmonics of the keying
frequency and thus exhibits a high bandwidth. Now,
which reference points on the envelopes should we
choose for the measurement of signal delay ?
While the stereocode processor circuit perfectly
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meets its design goals for nominal group delay, it fails
to realize the anticipated CW signal envelope delay
for the reasons explained. The differential envelope
delay can neither be defined or measured nor being
simply related to the nominal differential group delay.
These facts can be easily verified by SPICE simulation. The same applies to the circuits in the patent
paper of G6CJ. But even if it would realize the anticipated envelope delay it would still be an inferior design, because envelope delay is not the dominant cue
for CW sound localization as already explained.
The stereocode processor indeed generates some
sort of frequency-dependent spatial hearing effect,
but it is caused by arbitrary interaural phase delay instead of envelope delay as intended, together with
amplitude dispersion. This amplitude dispersion is not
only useless and unnatural at the low frequencies involved, it also contradicts the information derived from
the interaural phase delay IPD, which is the most important localization cue but ironically the only one the
circuit is not designed for. In fact, according to SPICE
simulation its IPD alone would yield the impression
of a centered signal at 250 Hz slowly moving to one
side only with a maximum azimuth of 37° at 550 Hz
and coming back to the center at 1200 Hz.

a superior circuit design
Shown in fig. 1 is the codephaser circuit, which I
designed for proper interaural phase delay IPD as
the only localization cue, giving a very natural and
pleasant spatial sound sensation. The nominal differential phase response is 0° at the cross-over
frequencies 580 Hz / 1100 Hz and +90° / -180° at
400 Hz / 800 Hz giving azimuthal angles of +90° /
-90° respectively. Fig. 2 shows the circuit-board
etching pattern together with the parts list. Construction is straightforward, but do not try to use common tolerance resistors and capacitors at places
marked with an asterisk *: high-quality 1% resistors
and 2.5% capacitors are mandatory here, otherwise
you will not get the predicted results ! The tolerance
of all other resistors and capacitors is not critical, but
do not change their values since this could upset
phase response. Fig. 3 depicts parts placement on
the board and its wiring with switches and jacks. Align
the unit as follows:
1) Set the LEVEL trimpot to its minimum and the BALANCE trimpot to mid position, connect a receiver and
stereo headphones but no power supply yet.
2) Identify and mark the IN and OUT positions of the
IN/OUT switch: with the codephaser IN there should
be no receive audio in the headphones, with the codephaser OUT the original receiver audio is heard.
3) Switch the codephaser OUT and connect a power
supply, tune the receiver to a steady carrier at comfortable pitch and volume.
4) Switch IN/OUT back and forth adjusting the LEVEL
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fig. 1. Schematic diagram of the codephaser.

3x TL081 op-amp IC
2x 2.7 Ω resistor
2x LM380 amp IC
3x 16 Ω resistor
1x 78L08 regulator IC
2x 1 KΩ resistor
2x 2.2 KΩ 1% resistor 1x DPDT (double-pole/
double-throw) switch
2x 4.7 KΩ resistor
1x TPDT (triple-pole/
4x 10 KΩ resistor
double-throw) switch
2x 10 KΩ 1% resistor
1 x cinch jack
1x 15 KΩ resistor
(receiver audio)
2x 20 KΩ resistor
2x 20 KΩ 1% resistor 1x 1/4" phone jack
(stereo headphones)
4x 22 KΩ 1% resistor
2x 27 KΩ 1% resistor 1x coaxial DC jack
(+12V)
1x 1 KΩ trimpot
1x 10 KΩ trimpot
1x 270 pF capacitor
2x 6.8 nF 2.5% capacitor
4x 10 nF capacitor
6x 10 nF 2.5% capacitor
4x 100 nF capacitor
8x 10µF 16V electrolytic capacitor
3x 100µF 16V electrolytic capacitor

fig. 2. Circuit-board etching pattern (left) and parts list (right) for the codephaser. The circuitboard measures 55 x 79 mm. The etching pattern is shown in X-ray view from the component
(non-foil) side of the board, black areas represent unetched copper foil. Caution: when printing
this page as a film, in the Adobe Reader print dialog box you must select Page Scaling: None
from the drop-down list, otherwise the pattern will not be printed in the correct size !
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fig. 3. Magnified codephaser circuit-board showing parts placement and its wiring with
switches and jacks. The board is shown in X-ray view from the component (non-foil) side,
grey areas represent unetched copper foil on the soldering (foil) side.
trimpot for equal volume in both positions.
5) Switch the codephaser IN and adjust the BALANCE trimpot for equal volume on both channels.
Go through steps 4) and 5) several times. The amplitudes of both channels should be equal and the phase
relation should vary with frequency being in-phase at
580 Hz / 1100 Hz and anti-phase at 800 Hz.
Don't expect astounding but rather subtle effects,
since spatial sound sensations are the normal condition for our auditory system. And certainly it will take
some time and several listening sessions before you
can fully appreciate this new dimension of CW reception. Close your eyes and play with the switches while
tuning through CW signals, pile-ups are especially
impressive ! With increasing frequency, a signal
moves from one side at 400 Hz to the center at 580
Hz and on to the other side at 800 Hz where it changes
direction to come back again to the center. Direction
can be reversed with the NORM/REV switch. The
sound does not seem to originate from the earphones
as usual, but from the inside of your head. Multiple
CW signals in the receiver passband are spreaded

DJ5IL radio topics: the codephaser

out holding specific positions, while static crashes
appear randomly distributed throughout the entire
space - a real stereo sensation with depth and presence that makes CW copy unique. Use a receiver
bandwidth as broad as possible, since narrow filters
degrade the spatial sound sensation. Also subjective
selectivity should now be improved by the cocktail
party effect 1,2,4 which is made possible by the exquisite localization abilities of our auditory system.
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