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It is desirable to utilize the ability of a DSP 
to perform signal processing within PCM 
transmission or switching systems. The DSP 
can be part of the common equipment, 
which is shared by many channels in the 
system to provide cost- effective signal 
processing functions. The 8-bit architecture 
of most PCM equipment forces the 
companding functions to reside in CODECs 
on the line or trunk cards. The DSP does not 
have access to linearly coded samples, and 
instead must deal with mu-law or A-law 
encoded samples. Problems in meeting ITU 
G.712 [12] specifications arise when the 
DSP block performs an additional expand 
and compress function on the channel. This 
paper addresses issues associated with two 
of these problems: Signal to Total Distortion 
(S/D) G.712, § 12, and Gain Variation with 
Level (G vs. L) G.712, § 13. Both of these 
tests require injecting and measuring signals 
over a wide dynamic range. 
A computer model was created to simulate 
the analog to digital path in a PCM system. 
In addition, the test instrument used in 
obtaining the results was included as part of 
the model. Variations on the PCM encoding 
methods and effects of DSP functions were 
studied using the computer model. A block 
diagram of the model is provided in figure 
13. It was important to verify the model by 
comparison of the results of a single mu-law 
or A-law conversion with the data provided 
in ITU O.133. [10] The sinewave method 
called out in O.132 [14] was used to perform 
the tests detailed in sections 12 and 13 of 
G.712 utilizing the conversion specifications 
provided in G.711 [13]. The measurements 
were very close but not identical to those in 
O.133. Shpigel comments in his paper that 
the sinewave method has some inherent 
inaccuracies associated with it [8]. O.133 

Annex A also points out that measurements 
can vary depending on the proximity of the 
signal to a decision value and the bandwidth 
of the measurement filter. The alternative 
measurement technique using a pseudo-
random test signal called out in O.131 [11] 
also has some disadvantages listed by 
Shpigel [8]. The impairments caused by the 
extra conversion (required when using a 
DSP) are real, but the measurement results 
must be interpreted carefully, whether the 
sinewave or pseudo-random measurement 
signal is used. 
Looking at figures 1 and 2 it is apparent just 
how little margin G.712 allows in the A/D 
conversion direction compared to an ideal 
encoder. The knee in the S/D curve near –30 
dBm0 is of particular interest.  
Improvements were made over standard mu-
law encoding by utilizing a new encoding 
scheme along with a dithering source. It is 
possible to obtain better results by using an 
encoding scheme with an output of more 
than 8 bits, but this study is restricted to 
DSP companding algorithms or CODEC 
replacement. The following analysis targets 
mu-law CODEC replacement, however the 
same techniques can be applied to obtain a 
better A-law CODEC as well. Recall the 
normalized mu-law compress function [17]:  
For the  = 255, 8-bit encoding standard, a 

bias value has been added and the equation 
is implemented in a segmented or piecewise 
linear fashion. x has been scaled by 
approximately (213-1) and F(x) has been 
scaled by (27-1). It is interesting to note that 
the scaling of x by (213-1) relates to the 
resolution of the A/D converter in the 
CODEC or the coding space internal to the 
DSP. The scaling of F(x) at 27-1 is a result 
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of the 8-bit PCM output requirement.  
 can be changed to pivot the S/D curve at 
the knee at –30 dBm0. No significant 
improvement was seen using different 
values of  alone. Changing the number of 
bits in the compressed output or moving the 
0 TLP up or down in level (changing the 
overload margin) moves the knee. Neither of 
these options is desirable. The two changes 
to the equation that improved the S/D curve 
were to increase the scaling of F(x) to (215-
1), and to abandon the segmented transfer 
characteristic. This scheme still provides a 
quantized 8-bit PCM compressor output and 
expander input. The resultant curves are 
shown in figures 3 and 4. Notice that the 
large 3dB segment ripples have vanished 
from the curve, and only the smaller 
quantization step ripples remain. Also notice 
that the G vs. L shown in figure 4 has not 
improved significantly. In order to address 
the G vs. L issues, a dither source was added 
to the system model. 
It has been demonstrated in the literature [2, 
3, 5, 7] that the distortion and noise 
modulation introduced by a quantization 
process is correlated and therefore audible. 
There are two undesirable byproducts of 
quantization error: (1) the harmonic 
distortion introduced by the non-linearity of 
the quantization function at steady-state low 
signal levels (measured by the S/D test) and 
(2) noise modulation distortion introduced in 
a decaying or faded signal (even with a 
properly dithered input to a DSP with 
accuracy well below the PCM LSB [3]) due 
to the dependence of this distortion on signal 
level (measured by the G vs. L test). 
Reduction or elimination of these errors 
introduced at low signal levels or in 
performing a fade for linear PCM systems is 
possible with various forms of dithering [1, 
2, 3, 4, 5, 6]. Ideal triangular  PDF dither of 
amplitude +/- 1 LSB has been shown to 
sufficiently improve both the S/D and noise 
modulation at the cost of increased noise [3]. 

This type of dither can be created by the 
addition of two rectangular PDF random 
noise sequences each of magnitude 1 LSB 
peak to peak. 
A method for dithering a non-linear 
quantizer such as described in this paper has 
been suggested by Fletcher [1]. Analog to 
digital conversion and compression of the 
signal with function C1(n) is performed at 
the Line Card simulator on the test signal 
from the Test Equipment simulator. A 
triangular  PDF noise signal is generated and 
fed into the system via Noise Source B of 
the figure. The dithered signal is then 
rounded to 8 bits to be sent through the 
switch to the DSP Card. The amplitude of 
the dither was made variable such that the G 
vs. L error could be reduced, but not at the 
expense of failing the S/D test. The output 
of the DSP can also be dithered by Noise 
Source H and the Trunk interface dithered 
after compression function C1(n) by Noise 
Source I before being measured by the Test 
Equipment. 
The results are shown in figures 5 and 6. 
Full ±1 LSB triangular dither was not 
possible without reducing the S/D 
performance below the 35dB limit. 
Therefore the level was reduced to obtain 
the same 0.5dB margin as shown in figure 1. 
The reduction of ripple in the G vs. L is 
apparent in figure 6 when compared with 
that of figure 4. The audibility of this 
improvement should be assessed by a 
standard similar to that of AES17-1991, § 
6.1 or with A-Weighted or E-Weighted 
filters [5, 15]. The resultant signal is passed 
through the DSP Card unchanged. This 
signal should not be re-dithered because this 
would add noise power to the signal and not 
further improve the G vs. L. 
The resultant improved CODEC is 
realizable using a few design approaches. If 
no dither is added, a standard PCM CODEC 
can be linearized, at the cost of reduced 
dynamic range, using a mapping to the ideal 



mu-law value. This reduces the ripples 
caused by segmentation [16]. Another 
approach (that does not reduce the dynamic 
range) to the compressor design involves 
using a 16-bit A/D converter, a look up 
table, and an adder. The other input to the 
adder is the dither source, which can be 
implemented using linear feedback shift 
registers. The output of the adder is 
truncated to form the 8-bit PCM sample. 
The expander is implemented using a look 
up table followed by a 16-bit D/A converter. 
A DSP function consisting of a linear gain 
of 1.10 was modeled for a system employing 
mu-law and the unsegmented, dithered 
CODEC. The mu-law results are shown in 
figures 7 and 8. The results for the 
unsegmented encoding are shown in figures 
9 and 10. The results of dithering, at Noise 
Source B only, are provided in figures 11 
and 12. The S/D and G vs. L of the 
unsegmented coding were improved over 
the mu-law result. None passed ITU G.712 
S/D requirements, even with the 
improvement in the encoding algorithm.  
The margin allowed in the requirement is 
not enough to provide a system designer 
with the option of sending 8-bit PCM to a 
DSP block for signal processing. The sharp 
transitions in the S/D and G vs. L 
requirement masks should be modified to 
smoother continuous functions which would 
allow more margin for system designers, 
without sacrificing audio quality. 
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