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Tom Linnenbrink, Hittite, (Chair, TC-10) linnenbrink@hittite.com
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Pasquale Daponte, University of Sannio, Benevento, Italy (Editor) daponte(@unisannio.it
Jerry Blair, National Security Technologies LLC, Las Vegas, NV USA*
blairjj@earthlink.net

*Telephone-WebEx
Agenda: (approximate — from WebEx invitation)

1. Introductions of any new members, if needed
2. Review and approve the minutes of the last meeting.
3. Review of status of assignments per minutes of previous meetings
4. Review of status of the draft
5. Other business, PAR extension, etc.
6. Detailed review of draft
7. Break for lunch

8. Detailed review of draft

9. Review action items

10. Adjourn and select dinner location

Introductions were made for all attendees.
The minutes from the previous meeting (15-November-2007) were read and accepted.

Steve Tilden recommended that an effort be made at the current session to go from the
beginning all the way through the definition section to ensure these sections are
accurately stating DAC and not ADC criteria. He also pointed out that the current
deadline for completion is the end of 2008. An extension of two years has been requested
and will be voted on by the standards board at their March meeting. Then, because of the
extensive review from all the new reviewers, members and contributors, it was said that
the whole working group should always remember to switch their thinking caps from
ADC to DAC when working on this standard, as many tend to think of ADC when
writing for DAC, which has caused a lot of errors in the standard wording. He also
wanted to publicly thank all the new reviewers for their constructive criticism of the draft
that was presented to them since the last meeting and we hope to carefully recognize and
adopt the vast majority of their inputs where possible.



The original text of section 1.1 is shown below in red;

1.1 Scope and purpose

The material presented in this standard is intended to provide common terminology and test methods for
the testing and evaluation of Digital-to-Analog Converters (DACs). The standard graphic symbol for DAC
is given in Figure 1.

This standard considers only those DACs whose output values have discrete values at discrete times, i.e.
they are quantized and sampled. (Comments by Carbone: “This statement is repeated equal on page 2, in
the introduction of section 1.2”)
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Figure 1 - DAC graphic symbol

In general, this quantization is assumed to be nominally uniform (the input-output transfer function is a set
of discrete points ideally located on a straight line) as discussed further in Clause 1.2, and the sampling is
assumed to be at a nominally uniform rate. Some but not all of the test methods in this standard can be used
for DACs that are designed for non-uniform quantization. Static values are considered a special case of
sampled values. (Haasz asks:” What means “Static values are considered a special case of sampled
values™?”)

This standard identifies DAC error sources and provides test methods with which to perform the required
error measurements. The information in this standard is useful both to manufacturers and users of DACs in
that it provides a basis for evaluating and comparing existing devices, as well as providing a template for
writing specifications for the procurement of new ones. In some applications, the information provided by
the tests described in this standard could be used to correct DAC errors, e.g., correction for gain and offset
errors.

The reader should note that this standard has many similarities to IEEE Std 1057, Standard for Digitizing
Waveform Recorders, and IEEE Std 1241, Standard for Terminology and Test Methods for Analog-to-
Digital Converters [B2, B3] which were all generated by TC-10 committee members.

The text was replaced with the following (in green).

1.1 Scope and purpose

A DAC receives digital input data and converts it to an analog output. The material presented in this
standard is intended to provide common terminology and test methods for the testing and evaluation of
Digital-to-Analog Converters (DACs). The standard graphic symbol for DAC is given in Figure 1, where N
represents the width of the data word (in bits).
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Figure 1 - DAC graphic symbol

The information in this standard is useful both to manufacturers and users of DACs in that it provides a
basis for evaluating and comparing existing devices, as well as providing a template for writing
specifications for the procurement of new ones. This standard identifies DAC error sources and provides
test methods to measure them. In some applications, the information provided by the tests described in this
standard could be used to correct DAC errors, e.g., correction for gain and offset errors.

The reader should note that this standard has many similarities to IEEE Std 1057, Standard for Digitizing
Waveform Recorders [B2], and IEEE Std 1241, Standard for Terminology and Test Methods for Analog-
to-Digital Converters [B3].

The next section was extensively modified. The original is shown in red below;

1.1.1 Analog-to-digital and digital-to-analog converters differences and similarities

Analog to Digital Converters (ADCs) and Digital to Analog Converters (DACs) perform complimentary
functions. ADCs receive an analog signal and generate a digital equivalent, while DACs receive a digital
signal and generate an analog equivalent. Some of the subtleties are summarized below:

1) An ADC with a constant input may generate a multiplicity of outputs because of the presence of
noise

2) A DAC with a constant input produces a fixed mean analog output that may contain noise
components

3) An ADC with a fixed frequency analog input will produce a data record that can be interpreted
as containing frequencies up to one half the sampling frequency (Comments by Michaeli:” The
definition is restricted for signal application™)

4) A DAC with a fixed frequency number array at its input will produce at its output a fundamental
frequency that is up to '2 the DAC clocking rate. The spectrum of the output will contain other
frequencies which are related to the sinx/x response of the boxcar filter inherent in a DAC (Also
not totally true)

5) Both a DAC and an ADC require an internal or external reference current or voltage that will
cause the DAC to have an output that can be in someway traced to standard units of voltage or
current

6) The only analog quantity defined most accurately in the transfer function of an ADC is the point
where there is maximum ambiguity in the digital output. i.e. the code edge is defined to occur at
the point where 50% of the output codes are greater than a specified digital output (We do not
agree)

The transfer functions of 3 bit ideal unipolar DAC and ADC are shown in Figure 2.
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Figure 2 - Transfer functions of ideal 3 bit unipolar DAC and ADC (Comments by Michaeli:
“Figures 2.a and 3.a, and 3.b axis Y labeled by T (k))...

This was replaced by the text below in green;

1.1.2 Digital-to-analog converter and analog-to-digital converter differences and
similarities

Digital to Analog Converters (DACs) and Analog to Digital Converters (ADCs) perform complementary
functions. DACs receive a digital signal and generate an analog equivalent, while ADCs receive an analog
signal and generate a digital equivalent. Some of the subtleties are summarized below.

1) Transfer function differences (See Figure 2)

a) ForaDAC, each digital input corresponds to a single average analog output value.

b) For an ADC, each digital output corresponds to an interval of analog input values. The
analog quantity defined in the transfer function of an ADC, the code edge, is defined to
occur at the point where 50% of the output codes are greater than a specified digital output
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Figure 2 - Transfer functions of ideal 3 bit unipolar DAC and ADC

2)

3)

4)

5)

Quantization differences
a) ADAC ...
b) An ADC ...

Time-domain differences

<

max

a) A DAC with a constant input code produces a continuous nominally-fixed analog output
that may contain additive noise.

b) An ADC with a constant input may generate a distribution of quantized outputs because of

the presence of noise.

Frequency-domain differences

a) A DAC driven by a single-frequency digital sinewave at its input will produce at its output
a single frequency between dc and '4 the update rate. Additionally, other frequencies will
be produced that are sums and differences of multiples of the input frequency and the

update rate.

b) An ADC with any fixed frequency analog input will produce a data record that will appear
to contain frequencies only up to one half the sampling rate.

Both a DAC and an ADC require an internal or external reference current or voltage that will
cause the DAC to have an output that can be in someway traced to standard units of voltage or

current

The plot was modified to remove extraneous parameters.

Solomon Max will modify section 1.2. Michaeli will check the results.

Table 1 was modified. The current version of table 1 is shown below:

Table 1 — Bipolar DAC input codes

SCALE

OFFSET BINARY
k (and BINARY)

2’S
COMPLEMENT

1’S
COMPLEMENT

SIGN MAGNITUDE




+Full Scale

(1111....1111)+1

(O1111....1111)+1

(O1111....1111)+1

(1111....1111)+1

+Full Scale-1 LSB [2™-1 [1111....1111 0111....1111 0111....1111 1111....1111
+0.75 Full Scale 1110....0000 0110....0000 0110....0000 1110....0000
+0.5 Full Scale 1100....0000 0100....0000 0100....0000 1100....0000
+0.25 Full Scale 1010....0000 0010....0000 0010....0000 1010....0000
+0(Bipolar) 1000....0000 0000....0000 0000....0000 1000....0000
-0(Bipolar) 1111....1111 0000....0000
-0.25 Full Scale 0110....0000 1110....0000 1101....1111 0010....0000
-0.5 Full Scale 282 10100....0000 1100....0000 1011....1111 0100....0000
-0.75 Full Scale 0010....0000 1010....0000 1001....1111 0110....0000
-Full Scale+ 1LSB |1 0000....0001 1000....0000 1000....0000 0111....1111

(1000....0001

suggests Haasz)
-Full Scale 0 0000....0000 1000....0000
The table was modified as shown below.

OFFSET BINARY [2’S 1’S

SCALE k (and BINARY) COMPLEMENT |COMPLEMENT |SIGN MAGNITUDE
+Full Scale 2 Jartn.aiin+ |11 111D+ (1111, 111D+ [(1111....1111)+1
+Full Scale-1 LSB [2™-1 [1111....1111 0111....1111 0111....1111 1111....1111
+0.75 Full Scale 1110....0000 0110....0000 0110....0000 1110....0000
+0.5 Full Scale 1100....0000 0100....0000 0100....0000 1100....0000
+0.25 Full Scale 1010....0000 0010....0000 0010....0000 1010....0000
+1 LSB 1000....0001 0000....0001 0000....0001 1000....0001
+0 1000....0000 0000....0000 0000....0000 1000....0000
0 1111....1111 0000....0000
-1LSB 0111....1111 1111....1111 1111....1110 0000....0001
-0.25 Full Scale 0110....0000 1110....0000 1101....1111 0010....0000
-0.5 Full Scale 28%210100....0000 1100....0000 1011....1111 0100....0000
-0.75 Full Scale 0010....0000 1010....0000 1001....1111 0110....0000
-Full Scale+ 1LSB |1 0000....0001 1000....0001 1000....0000 0111....1111
-Full Scale 0 0000....0000 1000....0000

Steve Tilden will review

section 1.4.3 (Additional specifications). He will recommend

changes. Solomon Max will review them. Among the recommended additions are;

6) THD

7) SFDR

8) Unadjusted Error

Section 3.1.3 currently reads as follows;

bandwidth: the frequency, at which the Fourier transform of the DAC’s impulse response computed from

the time derivative of its full-scale step response, is attenuated by 1/V 2 from its dc value. This definition
of bandwidth is sample-rate independent and does not account for the sin (nfT)/ (nfT) response arising from
zero-order-hold waveform reconstruction.

It was changed to;



bandwidth: the frequency, at which the magnitude of the Fourier transform of the DAC’s impulse

response computed from the time derivative of its full-scale step response, is attenuated by 1/ ‘/E from its
dc value. This definition of bandwidth is sample-rate independent and does not account for the sin (nfT)/
(nfT) response arising from zero-order-hold waveform reconstruction.

It was recommended that Solomon Max and Fang Xu debate this definition off line and
come up with a mutually agreeable consensus.

Section 3.1.5 originally read;

channel matching (when applicable): Specifies the degree of matching between two or more DACs in a
single device. (Comments by Michaeli: “Is it reasonable to widen parameter on system of more DACs on
one chip? Degree of matching of which parameters. T (k), Offset, Gain...... I thing better parameter is
uncertainty as interval on the certain probability level from the ideal transfer function. Moreover, other
parameters must be specified (number of DACs on a chip, Power consumption as function of activated
DAC:s etc.) in such case.”)

It was changed to;

channel matching (when applicable): Specifies the degree of matching between two or more DACs in
a single package

Section 3.1.12 originally read;

crosstalk: Undesired energy appearing in a channel as a result of coupling with the adjacent channel which
is generating a full-scale signal (Comments by Haasz: “Replacing the “generating a full-scale signal” by
“generating a full-scale sine wave signal” would make this clause more specific”).

It was changed to;

crosstalk: Undesired energy appearing in a channel as a result of coupling with another channel
which is generating a full-scale signal.

DAC-to-DAC crosstalk (3.1.12.5) was deleted from the definitions.

A new section 3.1.18 was added. It reads;

digital feedthrough: This is the glitch impulse transferred to the output of a DAC channel in response to a
change in an input. It includes data feedthrough and clock feedthrough.

Section 3.1.19 originally read;

dynamic range: This term has a number of meanings depending on the application. It is not used by itself
in this standard. See: the specific related parameters: spurious free dynamic range, effective number of bits,
signal to noise and distortion ratio, and signal to noise ratio.

It was changed to;

dynamic range: This term has a number of meanings depending on the application. It is not used by itself
in this standard. See: the specific related parameters: spurious free dynamic range, effective number of bits,
signal to noise and distortion ratio, and signal to noise ratio. The ratio of the maximum output level of a
DAC, to the minimum detectable DAC output change



Fang Xu will try to clean this up somewhat. Solomon Max will review the changes.

Solomon Max will develop a definition for the terms;
9) differential gain

10) differential phase

The terms were relevant for NTSC and PAL television. Modern techniques make the
terms somewhat passé. They will be included for historical purposes. Fang Xu will
review the new definitions.

Section 3.1.15 originally read;

differential nonlinearity (DNL): The difference between the output at a specified input code and the
output at the preceding code, divided by the measured average LSB size of the DAC under test minus 1.
(Comments by Michaeli: “Definition looks like DNL(k). DNL is maximal value of DNL — similarly to the
3.1.327)

This was replaced by;

differential nonlinearity (DNL): The differences between the output at adjacent input codes, divided by
the measured average step width of the DAC under test minus 1.

Section 3.1.20 originally read;

effective number of bits (ENOB): A measure of the signal-to-noise and distortion ratio used to compare
actual DAC performance to an ideal DAC. (Comments by Haasz: “Word “performance” or “one” should be
added after “to an ideal DAC” because performance not DAC itself is meant”)

The wording was changed to;

effective number of bits (ENOB): A measure of the signal-to-noise and distortion ratio used to compare
actual DAC performance to the expected performance of an ideal DAC.

The section that defines “harmonic™ (3.1.28) has been assigned to Professor Haasz. Some
of the unknowns are;
1) How will the standard deal with harmonics that are folded back because the
exceed Nyquist?

2) How will the standard deal with harmonics that are real, caused by the non-
linearities of the analog circuitry?

3) How will the standard deal with inter-modulation products of harmonics and
update rate?

Section 3.1.43 originally read;



noise: Noise has historically been an ambiguous term. In this standard, noise is any deviation between the
output signal (converted to input units) and the input signal except deviations caused by linear time
invariant system response (gain and phase shift), a dc level shift, total harmonic distortion, or an error in the
sample rate. For example, noise includes the effects of random errors, nonlinearities producing harmonics
at frequencies greater than those used in measuring total harmonic distortion, quantization errors and
spurious signals.

This was changed to;

noise: Noise has historically been an ambiguous term. In this standard, noise is any deviation between the
desired nominal output signal and the actual output signal except deviations caused by linear time invariant
system response (gain and phase shift), a dc level shift, total harmonic distortion, or an error in the applied
update rate. For example, noise includes the effects of random errors, nonlinearities producing harmonics at
frequencies greater than those used in measuring total harmonic distortion, apparent quantization error, and
spurious signals.

Note that the term “update rate” replaces “sample rate, or other such term.

The term “interpolation filter” and “’interpolation rate” require more work. Jerry Blair has
been assigned the task of creating a section that explains the terms. He will also define
the terms for the definition section. Solomon Max and Fang Xu will review the sections.

Section 3.1.34 originally read;

jitter: Unwanted variations in the timing a signal transition. (“in the timing of a signal transition.”
according to Haasz) (Comment by Haasz: “Highlighted jitter definition here should be described in a better
way. It strongly contrasts with the brief definition of clock jitter in 3.1.7. I suggest not to delete it all but
shorten it a little bit.”) Short term non-cumulative signal edge placement variation relative to its ideal
position in time. Unless otherwise specified, for a single-ended signal, edge placement is defined as 50 %
of signal peak-to-peak level; for differential signals, edge placement is defined as the instance of signal
polarity changes. Only variation within the interval during which each single observation will last is
considered as jitter. Cumulative edge placement variation corresponds to a frequency offset, so it is
excluded from jitter. In the context of a DAC, jitter could be either clock jitter or DAC output relative to
clock jitter.

It was changed to;

jitter: Variations in the timing of a signal transition.

It was decided that the use of T[k] as the DAC output variable was inappropriate. This
should be changed everywhere to U[k]. (Output Units). This change should be
implemented by Robert Graham. The changes will be checked by Solomon Max.

Section 3.1.36 currently reads;

least significant bit (LSB): With reference to DAC output signal amplitude, is synonymous with one ideal
code bin width. It designates the smallest possible nominal change in output voltage when changing the
least significant bit in the input code.

It was changed to;

least significant bit (LSB): The input bit that has the smallest mathematical weight.



Section 3.1.43 read;

noise: Noise has historically been an ambiguous term. In this standard, noise is any deviation between the
output signal (converted to input units) and the input signal except deviations caused by linear time
invariant system response (gain and phase shift), a dc level shift, total harmonic distortion, or an error in the
sample rate. For example, noise includes the effects of random errors, nonlinearities producing harmonics
at frequencies greater than those used in measuring total harmonic distortion, quantization errors and
spurious signals.

It was changed to;

noise: Noise has historically been an ambiguous term. In this standard, noise is any deviation between the
desired nominal output signal and the actual output signal except deviations caused by linear time invariant
system response (gain and phase shift), a dc level shift, total harmonic distortion, or an error in the applied
update rate. For example, noise includes the effects of random errors, nonlinearities producing harmonics at
frequencies greater than those used in measuring total harmonic distortion, apparent quantization error, and
spurious signals.

The definition of NPR (section 3.1.45) currently reads;

noise power ratio (NPR): It is the measure of the spectral power of all contributed errors, such as
intermodulation and harmonic distortion, in a narrow frequency-slot within the baseband of the composite
signal being processed. Fang suggests changing this definition with a more accurate definition. — Richard,
Niclas, et al are working on the test method. (Comments by Michaeli: “To define more precisely testing
conditions. Signal amplitude.”) (Comments by Haasz: “I suggest a simple definition — something like in
IEEE Std 1241. Real application test conditions (that are different from one measurement to another)
should be provided”)

Niclas was assigned the task of improving the definition. It will be checked by Fang Xu.

Section 3.1.46 had read;

noise spectral density: The integrated DAC output noise normalized to a 1 Hz bandwidth. (Comments by
Michaeli: “To define more precisely testing conditions. Signal amplitude.”)

It was changed to;

noise spectral density: The DAC output noise normalized to a 1 Hz bandwidth.

Section 3.1.52 is not complete. It currently reads as follows;

pass band: Frequency band in which a small sine-wave waveform generated by a DAC is not significantly
attenuated. (Comment by Haasz: “What does “small sine-wave” mean? Within the full-scale?”)

It was assigned to Professor Haasz to clarify how the update rate is accounted for in the
definition. Delta Sigma converters will also be integrated into the definition.

Section 3.1.53 had read;



phase noise: The fundamental component of an oscillatory regime could be expressed by a sinusoid
equation. The phaser of this equation is a function of time. The order zero term is a phase offset while the
first order in the phaser corresponding to a pure sinewave. Anything except the first two orders in the
phaser is phase noise. The phase noise is often expressed in frequency domain rather than time domain,
typically expressed as a noise spectral density at a specific offset frequency from the fundamental. Time
jitter is energy conversion of phase noise following the Parseval equality. (Carbone’s comments:”I found it
difficult to understand the definition. Some rephrasing/rewording is probably necessary”) (Comments by
Haasz: “I suggest defining explicitly that random phase fluctuations are considered as phase noise”)

It was changed to;

phase noise: Random fluctuations in the phase of a periodic signal.

Phase linearity was deleted as a definition. It will be added when required elsewhere in
the standard.

Section 3.1.61 had read;

quantization error: The error caused by conversion of a variable having a continuous range of values to a
quantized form having only discrete values, as in analog-to-digital conversion. The error is the difference
between the original value and its quantized representation translated into input units.

(Comments by Michaeli: " Quantization error is inherent property of ADC. There is no difference between
input digital value and its analog output value at ideal DAC. In some books is written that quantization
noise in introduced by the digital representation of the signal at the input caused by digital representation of
N bits. I suggest explaining difference. I saw in some articles term granular noise or truncation noise
(especially in the SD DAC).

It was replaced by;

quantization error: The error caused by conversion of a variable having a continuous range of values to a
quantized form having only discrete values, as in analog-to-digital conversion. The error is the difference
between the original value and its quantized representation translated into input units. A DAC does not
generate quantization error. The error that is caused by the resolution limitation of a DAC is called the
truncation error.

Section 3.1.63 had read;

random noise: A non-deterministic fluctuation in the output of a Digital-to-Analog Converter, described
by its frequency spectrum and its amplitude statistical properties. (Comment by Haasz: “Random noise is
characterized by spectral density rather than its frequency spectrum as it is a random variable™)

random noise definition suggested by Sedlacek: A non-deterministic fluctuation in the output of a

Digital-to-Analog Converter, described by frequency domain or its time domain characteristic (power
spectral density or autocorrelation function) and its amplitude statistical properties.

It was replaced by;

random noise: A non-deterministic fluctuation in the output of a Digital-to-Analog Converter.

The original section 3.1.75 read;



signal-to-noise and distortion ratio (SINAD): For a pure sine wave input of specified amplitude and
frequency, the ratio of the root-mean-square (rms) amplitude of the DAC reconstructed output signal to the
rms amplitude of the output noise, where noise is defined as above to include not only random errors but
also nonlinear distortion, quantization, and the effects of sampling time errors. (Comment by Haasz: ““...of
the DAC reconstructed output sine wave” is more accurate”)

It was replaced by;

signal-to-noise and distortion ratio (SINAD): For a pure sine wave input of specified amplitude and
frequency, the ratio of the root-mean-square (rms) amplitude of the DAC filtered reconstructed output sine
wave to the rms amplitude of the output noise and distortion.

The original 3.1.76 read;

signal to noise ratio (SNR): It is the rms value of reconstructed output sine wave to the rms value of the
noise of the converter from dc to Nyquist frequency, excluding noise at dc and harmonic distortion content.
It is typically expressed in decibels. (Comment by Haasz: “The SNR is not accurate; I strongly recommend
using the SNHR instead in this entire document”)

It was replaced by;

signal to noise ratio (SNR): For a pure sine wave input of specified amplitude and frequency, the ratio of
the root-mean-square (rms) amplitude of the DAC filtered reconstructed output sine wave to the rms
amplitude of the output noise.

The original 3.1.80 read;

spurious free dynamic range (SFDR): It specifies the available signal range as the spectral distance between
the amplitude of the fundamental and the amplitude of the largest non-harmonic, spurious component in the
frequency band of interest. (Comment by Haasz: “In contrast to the definition of spurious components the
SFDR commonly considers harmonic components as spurious components — see [EEE Std 1241.”)

It was replaced by;

Spurious and harmonic free dynamic range (SFDR): It specifies the available signal range as the spectral
distance between the amplitude of the fundamental and the amplitude of the largest harmonic or spurious
component in the frequency band of interest.

There was still controversy concerning SFDR. Steve Tilden felt strongly that the
harmonics should not be included. Further discussion may follow.

Sections 3.1.83 and 3.1.84 currently read as follows;

total harmonic distortion (THD): The rms value of the distortion appearing at multiples (harmonics) of
the output frequency to the rms value of the output sine wave. Only harmonics within the Nyquist limit are
included in the measurement. It is typically expressed in decibels.

THD definition suggested by Sedlacek: The ratio of the geometrical sum (square root of sum of squares) of
rms values of harmonic components of output sine wave (i.e. of sinusoidal components appearing at
multiples of output sine wave frequency) to the rms value of the output sine wave. Only harmonics within
Nyquist limits are included in the measurement. It is typically expressed in decibels.



total harmonic distortion plus noise (THD+N): The ratio of the sum of the rms values of the non-
fundamental frequency components of the output sine-wave to the rms value of the fundamental sine-wave.
It is typically expressed in decibels. This is similar to THD, but also includes the noise. (Comments by
Haasz: ““sum of the rms values” is not correct — the correct expression would be “root-sum-square of rms
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values”. I suggest using the expression from the previous definition “the rms value of the distortion”.”)

THD+N definition suggested by Sedlacek: The ratio of geometrical sum of rms values of harmonic
components of output sine wave (i.e. of sinusoidal components appearing at multiples of output sine wave
frequency) and the rms of noise to the rms value of the output sine wave. Only harmonics and noise within
Nyquist limits are included in the measurement. It is typically expressed in decibels. It is similar to THD,
but includes also noise.

It was felt that not enough attention was paid to folded-back harmonic spurs. Fang Xu
will ponder the subject and come up with an appropriate definition. Steve Tilden and
Solomon Max will review his decision. Fang will also review the two-tone distortion
(3.1.89)

Jerry Blair will work on the update rate definition as well as how it connects with
interpolation filtering. Assigned to Jerry as its related to interpolation, may need 2 terms
related to conversion rate and input data rate. Solomon Max will review his suggestions.

Section 3.1.93 was added;

update rate (f,): The rate at which the digital signal is converted to the analog signal and analog output
values are changed by the DAC input..

The meeting was adjourned at 5:45 PM.

The assignments that were made are tabulated below. The procedure that should be
followed for working on an assignment is given after the table.

Assignments
Assigned Checker | Section Assigned Reviewer | Comment
Solomon Max 1.2 Michaeli Digital to Analog Converter Background
Steve Tilden 1.4.3 Solomon Max Additional Specifications
Fang Xu 3.1.19 Solomon Max dynamic range
Solomon Max 3.1.x Fang Xu differential gain/ differential phase
Haasz 3.1.28 Solomon Max” Harmonic
Niclas 3.1.43 Fang Xu3 Noise Power Ratio
Haasz 3.1.52 Fang Xu Pass band
Fang Xu 3.1.83 Solomon Max THD
3.1.84 Steve Tilden

** These items are a general review of the specified sections. Please implement the
following steps;



1. Copy the specified sections into a Word document named
“Sectionx.x.x.mod.doc”, accept all changes. (x.x.x refers to the specific section
number)

Set word into the mode of Track Changes, Highlight Changes.

Edit the document carefully to correct technical errors, or clarify the wording.
Send the document to the reviewer.

Implement this before April 15, 2008.

Nk

The reviewer should proceed through the following steps.

1. Review the document

2. Edit the document in the mode of Track Changes, Highlight Changes.

3. Send the reviewed document to sol max@ltx.com and to Pasquale Daponte
(daponte(@unisannio.it) with the filename “Sectionx.x.x.modl.doc” (x.x.x refers
to the specific section number). The secretary will post the document on the web
site. Professor Daponte will incorporate the modifications into the newest draft.
Complete this by April 25, 2008.




