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HF TRANSCEIVER WITH NEXT GENERATION IF-STAGE DSP

TS-870S

INTELLIGENT DIGITAL ENHANCED
COMMUNICATIONS SYSTEM

Having developed the TS-950 Series — the world's first
transceivers for Amateur Radio to be equipped with digital
signal processors (DSP) — Kenwood has continued to be in
the forefront of advances in communications technology.
introduced here is the TS-8705, a new HF transceiver that
will further expand the envelope of DSP technology.




DSP (Digital Signal Processor) Introduction

Inatpad of the 18-t O5Ps wsed previowsky, thes new mode] features a pair
of powerful Motoroin DSPSE002FCA0 24 -t processors, affemng &an mpressive
perdformance of 208IPS {20 million instructions per second)

Amang the benefits of adopting such high-speed. high-performance BEPs
wre cigstal signal processimg nght from the IF stage, as well as the sort of noise
reduction and bedt cancellation for which DSPs are renowned,

The DEPs aperate at 40MHz. For thes, the 20MHz clock signal is taken from
the T5-8705's standard oscilator apd then doubled internally via PLL. The
strucbion cyche M, however, half of tha: 20MHz

The two D5Ps gachange data via & connagting gate array device with
approximately 10,000 gates and intarnal dusl-port RAM — g configuration that
ensures high-performance processang. In additan, the gate array device features
interfaces for the A/D and D/A converters @3 wall a3 a3 bus switching capabslity.

Az for the memory required by the DSPs for numerical calculation, each is
prowsded with 512 x 24-bit RAM for program use and 256 x 24-but HAM for data
e, Extermally there ang three 32k o 8-bit ROMs lor stofing filter data and programs,
and one high-speed Bk x 24-tnt SRAM chip lor slonal processing. External ROM and
RAM cheps are connected 1o the man D5P. When necessary, the sub D5P accesses
the mairl D5P"s ROM and RAM using the bus switching capability &f the gate afray

dowice that connacts them. The timing of this bus switching is controlled by the |

EPMTOZZLCAS, @ semi-custom IC (CPLD).

With a 70-nanosecond access time, the ROM chips offer fast performonce,
Because of this, there i less waiting time and correspondingly less impact on the
D5F's processang speed during memory access

The SRAM chip, designed pxcluswvely for DSP use, has an astonshing 25
nanofocend accass time. This means that frequently cessed RAM B effactivaly
*rero wail”™ for the main DSP, allowing i to operate at Its maksmum potential.

With the conhguranon outhrned above, the DP-equpped T5-8705 5 able
to offer such new functons as F filtering, all-mode DSP detection — mcluding AM/
Fu detectinn — Aoise reduction, sulo-notch, and o beat cancaller, The work af
many other circuits has been taken over by the D5Ps.

Lat's mow ook af somea of these faatures m datad
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1. IF DSP Processing

The T%-4950 Sernes and the DSP unit (DSP-100) made available for the
T5-850 were both designed to provide high audio quality when transmitbing and
receiving, thanks to low-distortion modulation and detection, This was achieved
by emploving DSPs for part of the |F processing, as well as for modulation
duningtransmit and digital detection dunng receve.

Thanks to more advanced DSP design and new algorithms, however, the
T5-8705 performs all IF processing — including high-precision IF filtering and AGC
processing for RX signal level contral — using D5Ps.

1. IF filters

1) Characteristics of IF digital filters

By turming owver the entire IF stage to D5Ps, one point on which the TS-8705
differs totally from pravious models i that it features (a3 standard) no fewer than
23T IF filkers with extremely shamp characteristics. Thes s because digital filtars
suffer none of the performance degradation of iInconsistency that can be traced
to the devices that compnss conventional circutry,

In additson to switching between numerous I filters or botwean narmow and
wida bandwidths, previous HF transceivers used varlable bandwidth functions auch
a3 shope tuning and VBT with a combination of filters; as well as IF shift (local
vanation either side of a hiter},

With the TS-B705, hawever, slope tuning and bandwadth wadth/shift control
are implemented by switching between numerous digital filters. Thus there s no
longer any need to install opuonal filvers, as has been the case with HF ranscewers
untll now. The digital filters Installed are listed in Table 1 by mode.

On the T5-B705 the filter with the narrowest bandwidth is the 50Hz hilter
for CW use. In the cass of comeentional snaslog IF filters, it i very difficult to create
such a narrow filter, and even if it weore possible to create one, filter loss would
decrease sensitivity, and distortion would arise as a result of the filter's group
delay charactenstics; cansequently, the quality of reception would Be too poor for
the filter to be of any practical use, In contrast, there i no lods with digital filters,
s0 there is no decrease In sensitivity. As for group delay charactenstics, Kernwood
has made use of the conskderable DSP technology developed since the T5-9505D
1o dessgn filters with manimial growp delay distortion — even for B (infinite impulse
response) filters which have such sharp characteristics. We have thus created IF
narrow filters which are sharper than any conventional analog IF filter or audso
processing D5P,

Az a means of suppressing the group delay distortion of narrow filters, it is
possible at the design stage 1o employ FIR (fmite impulse response) filters or o
cormect the filters” group delay characteristics. But the signal delay of an FIR filber
or of a filter with corrected group delay charactenstics is longer than that of an
uncorrected filter, 20 they are not suitable for IF use, Since group delay distortsan
is barely perceptible to the himan ear, there (s no neéed 1o eliminate it entiraly,
What we have done with the T5-8705 IF filcers 15, by combinaton with 3 PEN
(phase shift network ) approach, 10 ensure thit group delay destortion = 100 low
to cause any conceivable problem,

FIR filters have been used in the IF stage for AM and FM recephion. While 1
may seem to contradict what has been said abowve, thes has been done 5o a5 10
raduce IF filter distortson and make efficent use of the DSP'S dotection capability
i Al and FM modes. Group detay distortion in 558 and CW modes has no effoct
on amplitude, but in AM {detuned} and FM modes group déliy distorton agpears
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as amplitude distortion, Marrow-bandwidth FIR filers for 558 and CW use are not
suitable @s IF filters because their signal detay would be too long, but it & possible
to arrang for the signal delay to be within an accaptable range for AM and FM
use.

In AM mode, using 12kMz and 14kHz wide filters, audio quality is of the
haghast level found i any transcewer, You can enjoy broadcasts with breathtaking
clarity.

in FM mode, since even-order distortion is reduced whether or not bandwidth
is narrowed, even when salecting a narrow filter for reception of a weak signal —
as n data commurnications, for example — the arof rete 8 kept to an accaptable
I,

2) Differences from AF filters

When AF filter bandwidth & made narrower than that of the IF filters, should
there be an imerferng signal batween the cutoff frequencies of the AF and IF
filters of tha kind that can be attenuated by the AF filters but not by the F filters,
the interference can be made inaudible by inserting a sharp AF fiter.

What then happens to the target signal when this interfering signal i made
to disappear? If the target signal is stronger than the interferng signal, ar even
slightly weaker, the elmination of the latter will enable excellant reception. But if
the target signal is significantly weaker than the interfering signal, the result may
be that nothing at all is heard, This phenomenon anses because the recever's
AGC tries to maintain a set level for the signals — inchuding both tasget signal and
interfanng signal — within the F filters’ bandwidth.

When the rarger signal and interfering signal are at the same bevel, it 15
acceptable if the target signal bevel ks halfway (3dB) down, but i the interfening
signal is 50dB stronger than the target ssgnal, the target signal level will also be
reduced 5008 below the nterfenng signal, Consequently, if AF filters are used to
suppress an intérferng signal, there will be nothing left to ksten to. Trying to rase
the volume will not be successful and, since the IF gain will have dropped by 50dB,
deteriorating 5/N may mean that everything is swamped in nose,

When filters with the same characteristics are employed m both AF and F
stages, it is the AF filter that will produce an audibly clearer result; this is the
advantage of AF filters. In the IF stage, the AGC works to keep the reception lavel
wathisn a range, and thus the filter appears 10 function less crisply than its AF
equivalent, Also, because the signal delay in the IF filter affects the AGC's attack
time, fitters which have a long signal delay — such as FIR filpers — cannot be used.

3) Combinations of AF filters and IF filters

AF filters are effective as support for IF fiters, but in difficult conditions —
as when there s a great deal of interference — the sharp charactenstics of F
filters are essential. If the F filters are sharp, the AGC functions only with respect
to the target signal and, unlike the situatson with AF filters, the target signal does
not become inavdible if it s weak. By efficiently combining the different
characteristics of IF filters and AF filters one can cresite a high-performance filter
that offers excellent interference reduction charactensuics.

In the TS-8705, AF fillars are used together with I degitad filter slope tuning
and wadth/shuft control, Filter characterstics ane sufficient with pust the IF digital
filters, but AF filters have been mcorporated so &% (o improve the charactenstics
of the AGC, et

IR filters

Digital fifters can be diviced
into two general groups: IR and
FIR. One can think of IR filtars
basically as DSP versions of analog
filters; they can be designed to
ensure sharp characteristics, but
their drawback |5 group delay
distartion, FIR filters are often used
to avold group delay distortion,
althowgh both analog filters and BR
digital filters can be designed to
exhibit greathy reduced group delay
distortion, In fact, with superiof
circuit design skills and DSP
processing power avalable, ong
can design IR hilters with sharp
characteristics yet with group
delay. distortion reduced {o the
keved ane finds with FIR filters,




2. Transmission

In addition to 558, CW, FSK and AM modulation, many functions on the
T5-8705 are performed by DSP. These include microphone audio processing and
tone signal genaration in FM mode, as well as TX processing in all modes, microphone
gam processang, speech processmg and VOX,

Moreover, installation of the DSPs has meant that distortion is extremaly
low, right up to the IF stage. On conventional analpg transcencers, by the IF stage
distartion can reach fawrly high levels and perhaps cause a degradation in sound
quality that is imespective of the IMD level in the final section. On the TS-8705,
however, a bipolar final element s employed, ensurng that audi quality on transmit
has mammal distarton,

1. 558

358 modulation on the T3-B70% 15 such that high sideband suppression is
pchieved for a wider bandwidth, This is because the improved DSP processing
capacity has been used to raise the PSN (phase shift network) order 1o 16. Figure
1 lustrates TX PSN charactenstics when the bandwidth is set to 0-3kHz. These
charactenistics vary in refation to changes in the low-cut frequency, so that aven
higher sideband suppression is achieved with & low-cut frequency of 500z — as
iustrated in Figure 2.

As for variation in TX bandwidth, anly the LPF for high-cut control s digital
on the TS-95050K, wheréas on the T5-8705 BPFs are used, and both high-cut and
bow-cut can be adjusted using digital filters. Figures 3 & 4 illustrate how TX filter
shift and wadth vary,

The 558 manitor ks an audio monitor that monitors PSM output i the middis
of modulation, As for the distortion that arises prior to the DSPs, accurate
manitoning is possible but because the phase is not the same as that of the signal
after modulation, p skght difference in audio guality can sometimes be detected,

2.CwW

Since the TS-95050, ROM filters have been used for selecting the rise and
decay timas of CW wave forms. The operator can choose from 4 settings, from
short nse times for getting through pile-ups to milder wave forms.

A new feature on the TS-B705 & that, if the rise and decay times are set Lo
the lgngest value (Bms) during full break-in, the decay time afone is reduced 1o a
shorter settng (Bms) thus enabling soft, dstortion-free keyng durmg full break-m,

The CW sidetone (monitor signal) is generated by DDS (direct digital
synthesizer) under the contral of the DSPs, Linked to CW pitch, sidetons production
i precisely conbrolled in the 400Hz 1o 1kHz range. Stnctly speafing, this = not an
IF monitor, but since the rise and decay times of the sidetone wave form are
regulated in exactly the same way as those of the IF output. the sidetone can be
treated as an accurate monitor provided that the ALC meter is working cormectly,

3. FSK

As with the TS-950GDX, the FSK keying sgnal is tmioned by FIR filters prioe
to FSK modulation and smooth, accurate keying is assured by DDS under the
controd of the DSPs, This taiforing of the FSX keying wave form prévents spreading
of the spectrum pnd should thus reduce the error rate at the recening end.

The TS-8705 DDS offers 4B-bit quantization under the controd of the DSPs;
s very hagh leved of quanteaton means that F58 modulaton s parformad sith
accurate and very smooth changes.

For monitoring, the AF FSE iz used a5 i1 has identical chiracteristics to the
IF FSK
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4, AM

Using AF filters with the same charactenstics as those for 558, audio quality
is sat, bantwidth kmited, and through the DSPs’ linear multiplication an amplitude-
modulated wave =5 obtained,

The AM monitor is an sudio momitor that moniors the pre-modulaton sudio.
iF the ALC setting s correct, thes monitor will be accurate,

5 M

In FM mode, the DSPs are not used for modulation, but for pre-emphasks
filtering and subtone signal generation only.

The signal from the microphona, after passng through the pre-emphas:s
filter, 1s governad by the AF AGC so that its level remains shohtly below the point
at which the limiter operates. This assures modulation of ample depth,

When there are sudden fluctuations in microphene input that cannot be
kept below the imiter's threshold by the AGC, the DSP miter attenuates the
signal’s amphtude so as to prevent post-modulation bandwidth spread. When the
limiter is engaged, a large distortion s generated, but on the T5-8705 the limitet's
input lovel is controfled by the AF AGC and thus the limiter cperatas i fawer
instances. With this systam even deap modulation of & loud vosoe gives rise 1o
little destortion fram the limiter.

Limiter output s not medulated by the DSPs but instead ouiput asan AF
signal and subpect to PLL madulaton.

The subtone is generated by DDS under the control of the DSPs. For
B7-250.3Hz, the DEPs parform FM modulation priar (o IF output, For 1 750Hz the
signal is PLL-modulated rogether with the modulating wave. The subtone signal
that results from digital modulation s stable o terms of both level and frequency,
&5 it is in the case of the TS-B505 which slso generates a subtone via DDS.

The FM meomtor 5 an AF monitor that monitors the AF output to the PLL
Since it is possihle ta monitar the sound after it has passed through the limiter,
gne can also moniter the distortion that sometimes onginates in the imiter
depending on speech pattems.

B. Microphone gain control

The microphone gain contral i the TS-B705 allows digital adjustment of
microphone gain. Amplified by approximately 2048, the mic signal |s fed to the
B5Ps by the ASD converter, It ks the O5Ps that provide the gain control.

Insice the DSPs, the level of the fifterad mic signaf is governed by the AF
AGC so that it s no more than -1 2dB with respect to tha DSPs' full scale. Microphone
gamn controd s performed by this AF AGC gain adjustment. If the mic gain is set 5o
high that the output level rises above -12dB, it is automatically lowered. The gan
adjustment range is T0dB.

The level of -12dB with respect to the D5Ps” full scale is tha maximum
deflection of the ALC meter in 558 mode, and i the maximum modulagion kevel in
AM and FM modes. It s ##so the standard input level for the spesch processor in
558 and AM modes.

When the speech processor is switched on in 558 or AM mode, mic gain is
fixed at & level that & suitable for most applications and, snce gam is not ransed
unnocassanly thire & no dstortion,

When the speech processor i switched off in 558 mode, the ALC is adusted
using the mic gain knob, Thus, (Ff mic gain i set low, the AF AGC serves merely as
an amplifier, generating no distortion whatsoever, And if there iz an mput large
enough to excead the ALC's threshald, the ALC 1s angaged,




7. Speech processor

AGC output s fed to the speech processor, where its amplitude 15 chipped.
As the operator, you ean choose the compression level (in dB) with reference to
the full scale of the DSPs, whase level m limited to -12dB by the AGC. The clipped
processor output fMluctuates by @ maximum of about 3d8 with respect 1o the
compression level. in SSB mode, the CAR knob |s used to adjust the level fluctuastion
matched to the analog TX circuwitry, In AM mode, by putting the AF AGC on the
processorts output side as well, the level Is governed so that it does not éxcesd
the set modulation level

An AF-type speech processor (s used on the TS-8708. To many peaple this
may suggest the kind of speech processor that creates a lot of distortion if
compression i msufficient. However, the TS-B705 DSP *3-band” speech processor
offers greater compression and lower distortion than an F-type speech processar,

The compression method employed is clipping — as with IF-type speech
processors, Clipping does give rse to.distortion and what can cause & big problem
with AF-type speoch processors & hamonic distortion. However, if filter bandwedth
i no more than an octave, the distortion componsnt vl extend beyond that, thus
enabling & reduction in harmonic distortion. By dedding up the 3kHz TX bandwidth
into 3 octaves, and then chpping and filtering the signal in each of these
compartments, thus suppressing distortion, it has been possible 1o create a low-
impedance AF-lype spaech processor with reduced harmonic distortion.
Furthermore, by dwiding up tha bandwidth finaly, intermodulaton distortion s
lower and so in fact there is less dstortion than with an IF-type speech processor.

. VOX

The VOX circuit on an HF transceiver has a function known as ANTI-VOX
that prevents urwanted TX activation by RX sudio emanating from the speaker.

There is, unfortunately, a problem associated with ANTEVOX. Since jts
operation is determined solely by the level of the RX signal entening the speaker,
Even if the sound from the speaker is not being picked up by the microphons, it
may be that transmission (4 rendered impossible, depending on the ANTI-VOX
settng.

On tha T5-8705 there is much less chance of this occurring because the
D5Ps perform “corredative® VOX procassing. This ensures that VDX sensitivity s
lowered, inhibiting transmission, only when it is infarred that the microphone is
picking up the RX audio.

3. Reception

On thie TS-870S, the D5Ps are used for detection in all modes — not just
S5B, CW and F5K, but also AM and FM. Even automatic gain control s performed
by the DSPs,

1. 858

Since even AGC functions are digital on the TS-870%, you are free to expand
the bandwidth as much as you like, praviding that nterference does not become
EXCESIVE.

Thanks to the combination of PSM that extends as far as the low range,
digital fitvers, and dgital AGC, the TS-B705 offers a quantum leap m the quality of
the received audio compared 16 conventsonal franscelers.,

With a PSM order of 16, its characteristics are linked to the low-Cut frequency
af the RX bandwidth, Figure 5 ilustrates the characteristics when the low-cut is
minimum, More than 9008 of sideband suppression is possible for @ vary wide

E Figure & FOX Piiny fmithe) charnctsnssy
R S R P Wi
B —— |
Targeted sde il
"H!\‘. .
!
1

7
Bt e ey MM
" Iy

ety (RHE




bandwidth of 25Hz to 5.6kHz. When the low-cut frequency s above 500Hz, the
FSN bandwidth can be narraw, so for 175H2 1o 5 6kHz an even higher sideband
suppression (s achieved — as llustrated in Figure 6.

Moreover, since frequencies above 5.6kHz are sufficiently attenuated by
the IF filters, even with a high-cut frequency of BkHz there Is no interference.

2CwW

Apart from fitenng, protessing is the same a3 for 558 and FSK modes.

Thie aperator can switch between & BFF bandwidths: 50Hz, 100Hz, 200Hz,
400Hz, 600Hz, and 1000Hz Figure 7 shows how digital filter charactenstics viry
with changes in WIDTH for a pitch frequency of BOOHz,

The S0Hz and 100Hz BPFs that are not availabde as analog IF filters are, i
improparty designed, ikely to generate considerable group delay distortion, The
resulting ringing makes reception difficult. Kenwood's DSP design technology,
however, has created IF filters that generate less group delay distortion than the
previgus 250Hz analog filter and hawve a narmower bandwidth,

As regards release time, the dual-loop digital AGC is far faster than would
be posssble with an analog AGC. This means that even with fast CW operation,
weak signals and noise can be heard in the intercharacter intervals, While some
dstortion from the AGC is unavoldable with such a short release time, it has been
possible to reduce it by using AF BPFs linked to CW band and pitch,

The charactenistics of these AF filiers have been chosen for a 108 attenuation
at the CW filter cutoff frequency. Processing designed to compensate for the
filters” group delay characteristics has greatly suppressed distortion, 5o there is
no drawback from having the AF filters continually active.

3. FSK

Apart from filtenng, processng s the same as for 558 and OW modes.

The BPFs for F5K use are designed 50 that the group delay characternistics
of their low and high edges — including PSN group delay characteristics — are the
same. Any difference between low edge and high edge group delay charactenistics
will mesn that the time it takes to transmit & mark will be different from that
required for a space, leading to a higher error rate, The TS-8705 avoids this problem
by ensuring no difference.

4, AM

During AM detection, the amplitude leval of the recenved signal s detected
separately for each sampling.

Owing to the fact that neither the rectified nor the square detection
performed by analog diodes s inear, distortion is unavoidable, But the D5Ps of the
T5-8705 have linear detection charascténstics that enable AM detection with
gxtremely low distortion.

As with PLL detection, which iz well known as a low-distortion method foe
AM, thena & nd PLL bock fallure, This ensures optimum performance whatever the
conditions.

The quality of AM reception is, thanks to low-distortion AM detection and
FIR fiitering in the IF stage, perhaps even superior to that of an audio tuner,

5. FM

On the TS-B70S, dunng FM reception ssa the RX level is governed by the
AGC, and détection is performad without using a imiter, At the same time, the
operator can choose — via the menu system — to have the 5 meter act as it does
in 558 mode, TS-8705 digital FM detection works by computing fan of the FM
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phase change. With this method thare is wvary lttle variation in detection
characteristics as a result of changes in amplitude, and therefore there is no need
for a limiter, as reguired for analog receivers.

‘While fan detection using the D5Ps ensures greater lineanty in detection
characterstics than was possible with analog recervers, FM distorthon characteristics
are determingd not just by detector performance. There 15 also 8 congsiderable
affect from IF filter characteristics, and for this regson FIR filters — which are free
from group delay destortion — have been used for the IF stage, thus enhancing FiM
reCEpthon.

6. Digital AGC

Adopting D5Ps for the IF stage of the TS-B8705 has saveral benefits, but the
key function is digital AGC. This was made possible by using 24-bit D5SPs that have
a dynamic range of 144dB.

The types of ARC wsed depand on the mode: dual-loop digita AGT for 558,
CW oand FSK modes; affective response digital AGC for AM mode; and average
response digital AGC for FM mode.

1) 858, CW & FSK

A digital AGC amphifier is used in the first stage for PSN detection output.
The AF signal output by the amp is then detected and controfled by AGC.

As illustrated n Figure 8, the AGC amp implemented via DSP displays
characterstics in abmost direct proportion to tha log within the AGC range. Within
the 60dB range of the DSP's AGC, almost one half of the AGC amp's vanable gain
range — mchuding analog — is taken care of by the O5Ps,

AGL attack time can be shortenad by reducing the delay time of the loop
comprised of the AGC amplifier — IF filters — AGC detectson circuit. But if for CW
etc. a narrow-band filter is used, the dalivy time of the IF flters will be increased,
This demands a slower attack, On previous analog transcervers, using IF filbers
with the narrowest band and longest delay time, the attack was adjusted so as to
avold the generation of distortion, But with D5Ps, since It s possible to have
diffarent attack times for each filter, the shortest attack time that is permitted
without distortson is st separately for each filter.

Figures 9 and 10 illustrate AGC attack characterstics in CW mode. In the
case of the analog transceiver a pinched "waist” is evident, but in the case of the
T5-BF0S, once past the shght initial jump in amplitude — also visible in Figure 5 —
the amplitude is unvarying.

2) AM
For AGC detection in AM mode, the DSP's AM output (prier to DC clipping)
Is mtegrated to determing the effectrve value of AM, and then this value i used 1o

perform gain control

AM datection givas risa to a DC affset, but sinca this s not reguired for
reproducing the audio component, an HPF is used to chip the DC. However, for AGC
it 5 the audo component which is redandant; the information it requires ks in the
DC offset, 5o that is why it is performed prior to OC clipping.

For AM AGE, at the carmer level there i3 no need for the sort of rapid attack
characteristics found in 558, CW and F3K modes. AGC characteristics are slow
attack pnd slow release, 5o a single loop 15 used.

3)FM

In FM mode, AGE detection is pérformed on the output of the digital IF
filters, IF filter output s rectified and the integrated signal ks then used for gain
control,
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If the AGLC iz switched off, AGC amplifier gain nses 1o LS maximum level
resulting in signal saturation, In the case of analag FM detecton, since a limiter is
used aryway, thes saturation does nat pose a problem, but with digital FM detectson
AGC amplifier saturation gives rise to distortion that in turm gives nse o phasing
distortion. And becauss this aliasing results in considerable distortion in the FiM
detection output, AGC is switched on for FM reception,

& fast attack is used for FM AGC, but If the digital AGC. amplifier is not
saturated and detection 15 working normally, there i no need for the attack 1o be
a4 Tast ms it i for 558, CW and FSE modes, 36 AGT is performed with a single oop,

4. Noise & Interference Reduction

The noitefinterference reduction performed by the DSPs on the TS-BT05 i
not Fmited to sharp IF filters. Specific measures are taken for noise and beat
SURPTEssion

1. Noise reduction

1) Line enhancer

A fline enhancer is a filter which, using an LMS5 algorithm, enhances the
spactrum of those input signals that display perodacity (see Figure 11). The filter
is adaptive, allowing the frequency component of an input audio signal to pass;
conseguently, frequency components other than the audic frequency are
attenuated. And as this fdter automatcally tracks its target, the sgnat-1o-noamse
rati i% smproved and thus Bstening becomes much Sasser,

Figure 12 illustrates a benchmark audio spectrum, while Figure 13 shows
the effect of switching the line enhancer on. It is clear bow frequency components
distant from the RX signal are attenuated.

[15P correain Ul eharims

2) SPAC

in contrast to the line enhancer, which ts an adaptive filter that matches
perhodic signais, SPAC picks out anfy the periadic signal (see Figure 14). This
results in 3 high signal-to-notse ratio and distinctive awdio guaiity, Becauso the ineg
anhancer is @ filter, it cannot suppress noise that has the same frequency as that
of the target signal; however, this i5 a feat that SPAC can and does perform.

What SPAC does i to compute auto-correlstion for the penodic signal,
aviry lew penods from the first, and cutput the result

With non-comples sounds — in CW made for example — one can say thit
the input signal roughly equats the auto-correlation, and thus there i only slight
tonal change. But in speech, vowels represent a guask-penodic signal, and
consonants are apenodis, 50 cofmelation processing that targels peerodecity’ will
reesvlt in unavesidshle tonal changes. And although auto-cormelation can theoretically
eliminate all ambient noise and noise onginating inside the transcever Since thiy
are random signals, they do display a very shght penoditity over shart mienvals of

i
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the order af 17ms. Periodic components of this nolse are what give rise to the
typical rumblng sound from the speaker.

In addition to tonad changes there can be another type of noise. Because
the output signal is produced by josming together signals computed after the penod,
if thete s any discontiniety at the seams 3 rusthng sound results,

Figure 15 dlustrates the effect of having SPAC switched on: the naise level
an either side of an BX signal is lowered.

2. Auto notch

Since this IF notch fifter s inside the AGC loop, Switching on the auto notch
dampens the beat-induced oscillations of the S meter, At the same time it also
brings out signals parceptible in the shadow of the beat o they can be heard
chaarly.

Based on a type of LMS algonthm called the “stochastsc gradsent method”®,
this auto noteh is an BR nokch filker that sutomatically tunes to the beat. Since no
adjustment (s required, rapid response to a sudden QRM is possible.

The way in which the notch filter sutomatically tracks its target assumes
that the beat lles in the dinection In which the signal level gets smallar when the
null peint of the IR notch filter is shifted. The notch filter frequency characteristics
change so precisely that manual adjustment would not be possible. And since
there 18 hittle group delay distortian, even when the auto notch s active aodio
recaption is only slightly affected,

Because the attenuation possdile with a notch filter is theoretically infinite,
it it were 1o tune in exactly onto the beat, even with an 55 or greater signal the 5§
meater would not so much as flicker and the beat would not be heard, In reality,
howevier, the presence of signads other than the beat can reduce the affectivenass
of the auto notch so it will not aiways be so dramatically successful. Neverthaless,
beat elmination charactenstics are better than ever before,

Figure 17 illustrates the effect of switching auto notch on,

3. Beat canceller

Whereas suto notch is part of IF procéssing, a beat cancelier is part of AF
processing. This function will not bring out a signal that has been overshadowed
by the beat, as the auto notch does, but it can do something else, In contrast to
suto moich, which is only effective against a single beat, a beat canceller is effective
against multiple beats. Another disadvantage of auto notch i that performance
falls off if the beat becomes weaker: tracking slows and the notch may no konger
map cleanly onto the beat. Thus, for the kind of weak beat that barely causes the
5 meter to move, the beat canceller offers better tracking performance and &5
therefore more effective than suto natch,

The beat cancaller is an adaptive flter basad on the LMS algorithm, By
outputting the difference betweaen the line snhancer output and input ssgnals, it
cancels the periodic signal emphasized by the ling enhancer from the mput signal,
Also, the beat canceller does not process the audsn asif it ware a penodc ssgnal,
s0 no distortion i introduced. As the group delay time of the beat canceller is
relatively large, it s not suitable for IF processing. But anyona operating the
T5-8708, which features IF processing auto notch, can deal with beat mterierence
efficiently by engaging the auto motch and beat canceller sefectively,

Perhaps because thesa two functions appear 1o have o similar affect, Tor
some DSP-equipped tramceivers the beat canceller is referred 1o as an auto notch,
but far the TS-B705 with its digital IF processing we do not use the term “auto
notch™ 1o refer to a beat cancelier that |5 unsuitable as an IF netch,
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Figures 19 and 20 Hlustrate the effect of the beat canceller on multiple
beat signals.

5. RX Circuitry

The T5-8705 features high-performance circuitry for D5P-based digital
processing from the IF stage onwards. The intermediste frequencies of the quadnuple
suparheterodyne system are as follows: 15t IF 73.05MHz; 2nd IF 8.83MHz, 3rd IF
455kHz, and 4th IF 11.3kHz approx.

You will find a block diagram of the RX section on page 20, The following i
an overview of the various parts, presented in the same order a5 the RX signal s
processed,

1. Large input protector

This has been installed te provide protection frem the sort of large power
surge that can threaten the RX section if the transceiver is located too close to 8
transmitting antenna. If there is a surge the protector i first to blow, thus protectng
the important circuitny behing (1. Another protector covers ths extemal recaiver
output terminal.

2. External receiver outpul terminals & signal splitter circuit

The TS5-8705 features an output terminal for an extemnal receiver that can
be placed alongside for simuitaneous dual-frequency receive, A signal splitter with
wide-bandwidth transformer i5 used to export o half-voltage RX ngnal 1o the extemal
recenver, If 8 multi-band antenna — such as that used for a tnbander — |s hooked
up, the external unit can recelive on a different band at the sama time. This is
comvenient if the operator wanis to determing conditions on other bands.

if a TS-B705, TS-9505DX or TS-B505 is placed alongside and connectad
with an interface cable, full TX/RX operation is possible. An interesting application
is to use the second unit for the sub-operator in 8 two-man team. In a contest,
you can have the sub-operator search for new stations while you aré busy; then,
when you are ready to move on, you can have him transfer the next frequency. An
added benefit of the signal splitter is that, since the antenna terminals are DC-
shorted amy surge of static electncity from the antenna s avoided.

3. Attenuator

To ansure optimum effectiveness, the attenuator has 3 steps — 6dB, 12dB
and 18dB — which can be selected separately for each band and stored in band
memory for greater comvanence. This is useful for talking to a super-local station
of when thers 15 intermodulation interference that the AP (advanced intercept
point ) cannot handle.

4, Band-pass filters

The BPFs are divided inte 11 bands. Since cods with especially high Q are
used for the 4-stage TMHz and 3-stage 14/21MHz filters, they are less prone to
intermodudation from broadeast signals, etc. Also, a PIN diode with superior large-
input characteristics is used to switch between these filters, so inter-band
intermodulation characteristics are further improved.

Figures 21a and 21b Bustrate the pass characteristics for the 7MHz and
T4MHz BFF 5.
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5. Pre-amps

For bands abowe 21.49MHz, the TS-8705 has a high-gam amplfier (358131),
whilé for bands below 21.49MHz, there is a high dynamic range amplfier (2552218,
parallel}. And an AIP function is also available for bypassing these pre-amps.

If the AP 5 switched on, the signal is fed directly into the mixer without
passng through the pre-amps, but there is still ample sensithaty. In fact, this may
be preferable. If the pre-amps only serve to boast gain needlessly, so that 8 high-
leval signal is input Lo the mixer, the result may be to craate 3 ghost signal that
will mask the target signal, On the other hand, if vou want to ksten 1o a weak
signal that is unencumbered by any powerful mterference, you can put priority an
sensitivity and switch off the AP to activate the pre-amps.

In good condhions whan there are many iIncoming signals, it 15 good practice
to switch the AR om; in bad conditions, it should be off, In this way you can get the
miast out of the preamps,

Figure 22 shows the dynamic range measurements for 2 input signals.

B. Miker
Thas quad mixer (4 ¥ 25K520) is of the double-Dalanced type, ensuring a
high intercept point. Here the RX signal is 73.05MHz — the 1st IF.

7. Roofing filter

This filter passes only the 73.05MHz IF signal. It improves performance,
thus enhancing intra-band intermodulation characteristics and enabling a clean,
straightforward catch of the target signal, even when there is band crowding.
From hers the sional passes to the 151 F amp and 2nd mixer — changing frequency
progressively from 73.05MHz to B.83MHz, 455kHz and finalty 11.3kHz — before
being fed into the ASD comvertar,

B. 2nd/3rd IF filters

The IF fdters that determane IF selactivity and AGC processing are aciually
inside the D5Ps, but as further protection against imterference the T5-B705 also
uses analog filters. The reasan for this is that, however much one Improves
salectivity with digital filters, If the interfering signal is present before antering
the DSPs, the signal will change midway, with the digital filters unable to perform
property. That is wivy the T5-8705 is Tully equipped to remove emwanted nterference
befare the signal is fed into the DSPs, where the high-performance digital filters
extract any other interference.

9, IF amps

The IF amps that operate for each of the intermediate frequencies — 1st [F
(73.05MHz), Znd IF (8.83MHz), and 3rd IF (455kHz) — also implement automatic
gain control, using the AGC voltage from the DSPs. While there s digital AGC
inside the DSPs, in order to expand AGC dynamic range even further IF gain control
is also implemented, 85 on the pravious moded,

6. TX Circuitry

The TX section uses a quadruple conversion system with the following
mtermediate frequencies; 151 F 11.3kHz (appros. ), 2nd IF 455kHz, 3rd IF B.83MHz,
and 4th IF 73.05MHz.

The audio signal from the microphone passes through the mic amplifier and
into the A/D converter. The resulting degital signal is processed by the D5Ps before
being changed back to analog form — an F sgnal of approximately 11.3kMz — by
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the O/& converter. Subsaquent converssons bring the frequency up 1o 455kHz
and then 8.B3MHe. It k= this signal that is then passed through the samae IF filters
used for reception, attenuating components outside the bandwidth, and fed into
the ALC amgplifier.

Followsng automatic level control, the signal is input into the TX gain control
carcuit, a newly jdopted device for cormecting nter-band gain varation from 1.9MHz
bo 29MHz, Mixed with 64.22MHz, a signad of 73.05MHz is then produced, and this
in turn s mixed with the V€O to attain the target frequency. At this point the
power level ks of the order of TmW, so it has to be amplified by approximately
S0d8 in the final unit to 100W. After reducing higher harmonics with the filter
unit, the signal is finally output from the antenna terminal.

1. TX gain control

This circuit corracts TX gain varation between frequencies over @ wide HF
bandwidth stretching from 1.9MHz to 28MHz, Because of this wide bandwidth,
the frequency characteristics of the final amp, low-pass filter. mer and other
crcuits means that some vanation in gain from band to band is unavoidable from
a design perspective. The T5-B705 therafora corrects the difference between
each of the bands with the amount of correction stored in the microprocessor.
Dbviously the correction vanes from ong transcawer to another, 5o it 15 adjusted
for gach mdividual umt,

Prevsously, the operator was forced to re-adjust CAR and mic controls every
time the band was changed, so the addition of this new circuit represents a great
convenence. Note that, i order to enhance the overall signal-to-noise rato for
the TX section, TX gain control s implementad at the IF stage (8.83MHz).

2. TX AGC

In addition to modulation, the D5Ps govern the pre-modulation input level,
in affect, this is the same as implemeanting automatic gain control in the mic
amgplifier, 50 if the input excesds a fixed lavel, amp gan drops correspondingly and
the modulator's input level remains steady (processor off), Consequently, even if
the microphone gain control is turnad up to maxmum, modulator mput is unaffected.

In FM made, freguency deviation controd is performed by the TX AGL. This
prevents any excessive distortion of the type found with the clipper method used
previously, In AM mode, contral is performed by the DEP in the same way to
ensure that modulation does not exceed 709

3. CW rise time

A switchable CW rise time is avadable on the T5-8705, as it was on the
T5-95050%, Meedless 1o say, this function controds how long it takes between the
actual keying, on the one hand, and the rise and subsequent decay in TX output on
the other, A smafler seiiing ensures & CW wave form with a raped rise, offering the
punch to get through pile-ups; larger settmgs means a softer, shower wave form,
This function too is implemented via DSP processing.

Figures 235 and 23b (Bustrate its effect.

7. Automatic Antenna Tuner

With the TS-8705 comes an incréase in the number of frequency bands ovailable
for stonng tunor settings from 11 to 18. The finer dwviséon of preset vabses mean
that retuning of the anténna 5 no longer requined when using an antenna with high
0 (3.5MHz for example), or when switching from CW to phone in the same fregquency
band, Care has been taken not 10 divide the presets too fingly, however, as that
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would cause the motor to activate with every change in frequency, making the
transcaives harder Lo use.

Another new feature of the TS-8705 i the prowison of £ antenna terrminals
— ANTT and ANTZ — with different presats for each. Just by tuning cach antenna
once, optimum settings are ensured simply by switching betwean them,

Whean using a long-wire antenna and a Yagi antenna, many interesting
possibllities arise if the optional AT-300 5 used to combine ANTT and ANTZ in
VANOUS Ways.

Example

AMTI: connect to a 1.9MHz long-wire antenna via the AT-300,

ANTZ: connect to a 14MHz (Yagl) antenna and use the bult-in antenna tunar,
Once tuning is completed for this pasr [1.9MHz & 14MM2), vou will be using

Ewi antenna teners on 2 antennas, making it easy to switch betwesn them just by

changing band,

RiACITAST @flina Tunar cormicis

Some operators usmg the previous model have reporoed that, when
monitering SWR and thinking that & little more tuning was possible, for some
reason the antenna tuner did not stop. To try to alleviate such concerns, the TS
B70S meny systam allows you to select either the default SWR value of 1.2 or an
pltermatme value of 1.6 Tor the threshold at which the antenna tuner stops. This
choica i available from mend 33: "TUNE WIDE ONSOFFT,

The T5-8705 alzo makes possible the use of the antenna tunar during
reception. By passang the RX signal through the antenna Tundr, the Btler effectvely
waorks as a filter, protecting against interference from powerful signals in bands
pdjacent to those used by amateurs.

8. DRS (Digital Recording System)

The TS-8705 comes equapped (as standard) with & digital recording wnit
that has an additional channel (4 as opposed to 3 on the previous model) and
mproved audia guality.

The DRS employs the DAST™ (Direct Anafog Storage Technology) system,
which uses memary very econamically to store high-guality digital recordings.
Each of the 4 channels is available for recording messages of up to about 15
saconds, but by combining the 4 channels a maomum of 60 seconds (approx.) of
continuous playback s possible,

The digital recording wnt features non-volatile memory, so no kthuem battery
backup is necessary and recorded messages are stored indefinitely, or untd ne-
e thed,

Pressing the REC swiich puts the DRS into rec pause moade. In this state, a
message can be recorded by continuously depressing the appropnate button (1
ta 4) for the desired channel. Recording stops on release of the button, but i also

7



stops sutomatecaily after 15 seconds when the teme imit = reached

Turning the YOX switch on or alf allows you to sélect élther monitoréd
playback or TX playback. To start playback, yvou simply press the appropriate
channeal sentch ( 1=4), Durng monitored playback, the monitor knob can be used
to adpust audic volume, and if the monitor is $witched on [t is also possible ta
maonitor playback while the recorded message is being transmitted,

The T5=-B705 alktws continuous playback for, say, a long message that has
peen recorded in two or more channels, or for repetibion of 8 special message
recorded in a single channel, For the former, playback is initiated for the first
channel and then, during playvback, the switches of the ather channels are pressed
in gequence. This sort of programmed playback s permitted for 2, 3 or 4 channeis
{max. 60 seconds).

For repeated playback, the operator con use menu 39 to switch the repeat
functsan on, and menu 40 fo set the interval between repetitions. This s especially
usehul for repeated CO transmissson in 3 confast.

9. Electronic Keyer

The TS-B70S is also equipped with 3 dedicated microprocessor for slectmnic
kaying. This i5 an improved version of the full-featured keyer microprocessor
developed by Loglkey Corporation, LUSA.

Among the many settings offered by this microprocessor are CW message
record playback [4 channels), key speed (06~E0wpm), automatic contest number
generation, and “ultra-speed” ( 70-330wpm, used for bouncing segnals off mateors).
It is also extremely simple to change the alectromss keyer's functions and operating
paramaters,

The T5-8705 electronsc keyer has four mam modes: CW message recording,
CW message playback, keyer status confirmathon, and keyer status cenfiguration
(to change functions).

For CW massage recording there 5 a choce af two modas. in raal-time
mode; the message i recorded and played back exactly a3 It is typed; In character
maode, the dedicated microprocessor plays back each character or word with the
correct spacing to enable confirmation during the recording process, Character
midde albows you to oommect errors durmg recording.

When recording a message, you must first press the appropniate switch for
the desired channel (CH1~CH4) for about 2 seconds. As an indication that the
urat 15 ready 1o start reconding, erither a Morse *R" (for resl-tima mode) or *C" {for
character moda) can be heard from the T5-B705's speaker. In character mode, an
audibe Morse *I° & emitted from the speaker a5 each character ar word is mput,
confirming that the electronic keyer has recened the massage. In this mode, it is
passibile to nput the embedded commands isted in Talile 2 while recording the
mgasage. An gmbadded command 5 not treated ke the ather characters an
playback; mstead, those words correspanding 1o the actions describod in Takile 2
are output, To stop recordmg, the same chammel gwitch s pressed agam,

To play back a CW message, just press the switch for the channel in which
iz was recorded, And if, during playback, the channel swatches are pressed
sutcession, continuous pMayback of up to 8 channels 15 possible.

By leaving the VOX switch on, recorded CW messages can also be
trimsmitted. Plavback spead is sdpested ussng the KEY knob, 50 you can record a
Mmessae siowly 1o enswrd accuracy, and then tranumat it at a kegher speed, matched
to the athar statson.

Erpressing channel switches CH3 and CH4 simultansously causes the
MICTOPFOCES SO 1o oUTpUT b Morse "7 and anter slectronic keyer status confmation
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micie, In thes mode, it 15 possible to chisck on current settings — operating spied,
contest serial number, et Inputting a command isted n Table 3 will mitiate the
corresponding action {status confirmation in Morse).

Depressing channel switches CTHT and CHEZ ssmultaneously causes the
microprecessor to outpul 3 Morse *F and enter keyer status configuration mode,
In this mode, it 5 possible to change settings for operating speed, recording mode,
keyer timing charactenstics, etc. Inputtmg a command fisted in Toble 4 will enable
the operator to change the corresponding setting. You can thus configure tha
glectronic kayer Lo your awn kking.

Message keyer examples
Messages can be stored as folows:

CH1 CQ CQ TEST DE JATYRX JATYKX TEST
CHZ UR SNN/N B

CH3 BE Q5L Tu

CH4 QRZ TEST DE JATYKX TEST

And in a contest these would be used as follows:

CHT MIsH CO C0 TEST DE JATYKX JATYKX TEST
Dther station DE JATZEN

A IKN CHZ PUSH JAVZEN {manual) UR SNNTT1 BK
Other station BK Q5L UR SNNTTT BE

CHE PLUSH BK 5L TU

CH4 PUSH QREI TEST DE JAYEX TEST

in this way, the only manual keving required is for the & characters of the
other station’s call number, The advaniage of usng this electromec keyer becomes
especilly clear when it comes 1o incréementing the contest seral number in & DX
contest: you can be sure that the correct sarial nember will always be transmitted.
This leaves you free Lo log the contacts while enjoying the contest,

10. Auto Mode

The TS5-8705 is the first HF transcebver to feature auto mode. This is an
antanced version of the al-mode function used on Kenwood's TM-255/455 VHF/
LHF all-mode transcevers,

What auto mode daes is to sutomatically switch modes if the VFD frequency
crosses 3 set boundary Frequency, For example, when operating in various modes
in the 14MHz band, you might decide on CW for 14-14.07MHz, FSK (RTTY) far
14.07-14.1 MHz, and USE for 14.1-14,35MHz. Auto mode would then ensure that
the T5-8705 switches to the appropriaté made whenever the frequency changes
— a [reat ConvEnence,

To set the frequencies and modes Tor auto mode, press the MENL switch
while switching transcebier power on and the auto mods configuration menus will
pppear, The T5-8705 uses menus 00=18 to permit & maximarm of 19 boundary
frequency + mode pairs to be registered, using esther the man encoder or the
kirypact,

Each auto mode frequency that i$ input represents the upper boundary
frequency for the selected mode. For example, let us inagine that In auto mode
configuration meny 00 we enter 1.62MHz « AM mode, and in menu 01 we enter
EMHz « CW mode. This means that for frequencies ranging from 30kHr 1o just
under 1.62MHz, the transcemver will ba in AM mode; and from 1.62MHz to just
under 2MHZ it will operate in CW modé (see Figure 24
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The operator activates auto mode via menu 34 (AUT.MENU). Auto mode
then takes cantrol of the makn encoder and MCHAFD knobs, operating wheneuver
a registered boundary frequancy = crossed during program scan. But it does not
rob you of your freedom: even when auto mode s on, you can switch 1o & band of
your choosing. Note that if the frequency is changed using the band up/down
ewitch, the last used mode (s recalled.

11. Data Communications

There s great mterest m data commumications using HF transcervers. While
there s a trade-off batween Mexibiity and speed, thes i5 clearly an exciting new
way to explore and expand the world of wireless communications. And It is not
limited to RTTY and packet communications: 55TV is also beginning to enjoy &
growing followang. If wou are [oaing interast in 558 and CW, data communications
{5 certanly something you should try. And the obstacles are rapudly disappearing:
one can now buy malth-function TNCs and scan converters capable of being hooked
up 1o a parsenal compurer.

Let's then look at the general categories of data communications and how
the TS-B70S can be used for them.

For data communicatons, you use the ACCZ connector [or RTTY connactor
for F5K mode) on the rear panel of the T5-B705. In additlon to TX data input and
R output, the provision of connections for squeich, ete. simphfies operation. It is
dlwo possible to switch Input and output levels, which used to be troublasome,
Menus 20 and 21 alow you to adjust input sensitnaty and output kevel, respectively,
Everything has been arranged to help you conduct data communications with the
best possible set-up, increasing demodulation efficiency and avoiding splatter,

RX filter bandwidth can be set with slope tuming and menu 19's “PACKET
FILTER", And by narrowing the TX filter with menu 29 *TX WIDTH" and menu 30 *TX
SHIFT™, you can be sune of transmitting a dear signal Operating easa & further enhanced
by putting these menu settings on Memu A and Menu B for simple switching.

12. Computer Control

Ir tume wath the computer age, the TS-8705 i3 desmgned sa that viriuglly a8
frant panel contrals can be duplicated by software for full-featured computear
operation. Wheneas the previous model had a fived transmission speed of 4, 800bps,
this transceiver s compatible with speeds of up to 57,600bps, allowing rapid data
transfers.

Connecting the TS-8705 simply requirés o cable to link the transcemwer's
COM connector with the computer’s RS-232C port. The senal data format 5 1
start bit, B data bits, and 1 step bit (2 stop bits for 4 B0Obps), Menu-basad speed
settings range fram 1,200 to 57,600b0ps.

The commands that are avmlable include exactly the same set used for
previous models [TS-9505, TS-B505, and T5-6905/4505, e1c.), meaning that the
software used with them can also be used to control the TS-8705. However, i1 is
alzo compatible with new commands that make data communcatons both easier
and more exciting, Of these, the principal ones are ksted in Table 8,

Alsa, in the U.S., where a great deal of software is avaiable for Amateur
Radio appkcations, Kenwood is including a Windows® compatible program for the
TS-B705 calledt RCP (Radio Control Program ), This displays & graphical representation
of the TS-B705 front panel on the computer Screéen, 30 you Can operale the
transceiver with just o few mouse-clicks, The sensation is very realistic.

Mare BCF m compandle narh iindow 5.1 and fegier

fale)

Tisiss £ Chils comrmumomoen colsgoeies and it
T8-A708

PH b S Y e S S FCERCTT Y
= R T TR ANy, CIE AEL e
oy rigipg Fais L i e BB e
darnhe 7] kel T TWE N T Tk © T e

T I T I e ey T pre— g iy om
= " mEr & e e | oy d sk
im0 EeFE. W e e s

e e 4 eee W ey ey S
- — e s | PR
B R T

4 |
d ?-
it |
]

]

.[i-l
T
i

AW

ACCTH Sonnaeion s
EESTMaITY s pEe)

"

Lot
MBI R
I_E a

i

Tuids B Precipal rew pcfiwame cormearc

] e —————— e — R S ——
R i e S e

—— Wl W e b

[ ey g B el s B il s B i
N R g . W b —
-

(3] Tw wweer Lwedw T P O R e

T s e ]
R e L T R

e i Y. . ] T T




13. Connecting to a Linear Amplifier

The T5-B705 can ba connected to a linear amp as lustrated:

| s 3
r Conaiul pabis and M type
conneciom
b &1 “LINEAR®, whash m v Tor T bnnge mmp control niksy,
prasssTie W chcicn of 1 ssttings — OFF_ 1 ang 7.
IOFF : D el sl bvaiiet BT
1 Use hnaar s
¥ Uss bowar sing bl wetl) the T e G lor tha Tl lay-cioaws Selipnd by 2ma
G serm bormah - oay),

When a near amp receives the inear on signal from the transcever, the
linear TK/RX relay s activated. Since the linear amp's TX output is very powearful,
8 correspondngly large device has to be used for the TX/RX retay,

Consequently, the relay is slow to respond and is not immediatedy activated
after recerving the on skgnal. What this means s that there may be mstances
when, aven thowgh the TX sgnal is already bemng output by the transceiver, SWR
protection i operative and power output does not rise smoothly, Howaver, selecting
“LINEAR 27 made ensures that, for semi break-in only, the transcewer delays
signal output by 20ms on first CW key-down, thus allowing the power Lo rise
smiathly,

14, Menu System

A% you become mone accustomed to operating the T5-B8705, vou will no
doulbt bagin to thank of many different ways in which you would like to use 1. That
s why Kenwood developed its own menu system for transceners, Menus allow us
to equip the TS-8705 with a wide range of selectable functions, without increasing
the number of front panil controls,

And there's more. So that the TS-B8705 is even easter to use, each menu Is
claarly dentified in the 13-segment section on the nght of the display. This means
thit you can make full use of the many convendent functions, without hiving to
pull put the instruction manual each time.

Furthermone, the T3-8705 cin hove two separate configurations, stored as
Menu A and Manu B. As an example of how these can be used, you might choose
to use Menu A for DXing, with a narrower TX bandwidth Lo ensure your signal has
a powerful panch, reserving Menu B for ragohewing, with a wider TX bandwidth ta
tone down your signal.

Alzo, if wou want 1o compare your curment setup with the default ssitings,
there is even a *menu temparary resel “function available. And since you can
control the many D5P-reflated settings via the menu system, you can create what
is for you the optimum T5-8705 configuration. Tatde 10 fists the vinous funcbions
gvailable through the menu system,
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Appendix

AD & DJA converiers

For both A/D and DVA conversion, we have equipped the TS-8705 with 18-
bt converters developed for sudio spplcations. The standand 20MHz clock signal
ini the TS-B705 is used by the PLL in the TX/RX unit to generate 4 45, 32MHz
master clock signal, This is then divided up by an EPMT032LC44 to produce the
required timing signals. The sampling frequency 15 45.234375kHz, and the IF
frequency for both transmit and receive is 11.30853375kHz.

For A/D convarsion, an 18-bit AY ASD converter 18 used. Thanks to the
combmation of 18-bit quantization and the low distortion charactenstics of the
A% ASD converter, the audio signal from the microphone and the IF signal are
converted to low-distortion, low-noise digital signals. The digital filter inside the
AY A/D converier serves o suppress aligsing in a range from 22.617 187 5kHz
{hatf of the samphing frequency) to approomately 2.87MHE. Consequently, only o
simple anti-alasing flter b required for the ASD converter input.

Simnilarly, three 18-bit D/A convertérs are used for D/A conversion. These
inexpansive yat migh-performance AL DFA converters — which have proved their
warth in CO applications — ensure low distortion for the TX IF signal and audio
output, They too are equippad with digital filters, and aliasing ks found at
approximately 2.87MHz, far above the audible frequency range. This makes a
smootheng filter unmecessary, but filters ane needed to suppress nolsa outside the
bandwidth of the AX D/A converters.

Finally, an advanced 1-bit D/A comverter is employed for the AGC and for
FM modulatron output, This provades the rapid response necessary for AGC,

Why a 24-bit DSP?

To raise the performance of an MPU means. to process more data and more
instructions, and it is true that high-performance numencal processing ks demanded
of a DSP, By "performance” is meant accuracy of calculation and speed of
processing. Moving up from a 16-bit MPU to & 32-bit MPU will indeed achieve this
increase in perfarmance, but it must be asked whather it is necessary, for the
cofresponding cost increase is more than double,

What sort of accuracy s then necessary for a transcenwer DSPY It should be
sufficiant for IF processing with & dynamic range greater than 10008 and; at the
same time, ensuring 3 sufficient signal-to-noise ratio, The dynamic range of a 16-
bit DSP i 36d8 and, whils it may be good enough for detection, it Falls short of
the requirement for IF processing. A 24-btat D5P, on the other hand, has a dynamic
range of 144dB — mare than enowgh for & wide range of apphcations, inchuding IF
and audio processing, Once we reach the 32-bit level, however, we enter the
realm of floating point calculation, Here processing capability is such that it becomes
meaningiess to gauge how many dB the dynamic range would be. And whereas a
DSP that performs fived-point calculatsons only deals with signals between 1.0
and 1.0, the 32-bit MPU performs like a personal computer, and it 1s only really
needed for the sort of complex applications that are performed on a PC or
warkstation, In ather words, for a transceiver DSP, 32 bits s overkill,

|




With an MPU processing can be speeded up by increasing the number of
bits, because this means it can process more data at a time. In the case of a DSP,
however, increasing of decreasing the pumber of bits will have no effect on
processing speed, Because it can only process one bit at a tme. The only way Lo
spead up & DSP 5 to increase its MIPS (mallion instructions per second) rating o
increase the efficiency of instruttion processing using pipaknes, et

In conclusion, when deciding whether to use a 16-bit, 24-bit or even 32-bit
DSP, the determening factor is not speed but dynamic range. One should choose a
D5P that provides sufficient dynamic range for the apphcation and no more. And
for IF processing, the correct answer is a 24-hit D5P,

Aliasing

With digital signal processing, the bandwidth of signals that can be handled is
limited to hall of the saompling frequency. In other words, if the samplng frequency
1s 10kHz, only signals between O and SkHz can be processed,

In this case, what happens when signals in the range 5-10kHz are fed into the
ASD converter? Since they exceed SkHz, you might expect them to be ignored,
but in actual fact SkHz is not an absolute fimit but rather a imit on the bandwidth
of the signals that can be processed digltally. Thus we can jump to 5-10kHz and
then to 10-15kHz, in increments equivalent to haif of the sampling frequency. So
if an 11kHz signal Is fed in, the ASD converter output is exactly the same as it
would e for a TkHz signal, even though there 13 no such input. This phenomenon
is called ®aliasing.” Mow if both a 1kHz signal and & 11kHz signal are fed
simultanecusly into the A/D converter, the two cannot be disassociated and thus
chistortion results. In order 1o prevent this from happening, an anti-aliasmg fder is
used 1o attenuate signal compaonents ocutside half of the bandwidth deemed
necessary for A/D comverter mput.
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