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ABSTRACT 
DSPs in the common equipment of a 

telephone switching or transmission system 
have been shown to introduce impairments 
[19] that will lead to failure of compliance 
testing with current ITU requirements [12, 
14] as well as audible distortion artifacts. 
This paper investigates additional methods 
to that introduced in previous work [19], 
which maintain compatible encoding, 
improve distortion performance, and pass 
the stringent requirements. 

1. Introduction 
It is desirable to adjust gain and provide 
equalization of analog telephone lines in a 
switching or transmission system. These 
functions can be applied either before or 
after conversion from analog to digital. 
Typically, a mu-law or A-law PCM CODEC 
performs the A/D conversion. In order to 
share the equalization and gain hardware 
over several channels, DSPs are often used 
in common equipment after the PCM 
conversion. The DSP must convert the PCM 
to linear, perform the signal processing 
function and convert the signal back to 
PCM. The extra conversion process creates 
additional signal impairments. The 
impairments are revealed when testing for 
compliance with the ITU Total Distortion 
(S/D) and Variation of Gain with Input 
Level (G vs. L) requirements [12, 14]. 
Several methods for reducing the 
impairments can be applied to the PCM 
signal. This paper describes additional 
findings investigated since our first paper 
was presented at ICSPAT '97 [19]. 

2. Review of the Problem 
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. The reasons for this discrepancy 
were expected and described previously [8, 
10, 19]. 
A bandlimited notch filter consisting of a 6th 
order notch filter centered at 1 kHz cascaded 
with a 4th order lowpass filter with a cutoff 
of 3.1 kHz was implemented to measure the 
S/D as prescribed by the sinewave method 
called out in O.132 [14]. The frequency 
response of this filter is plotted in Figure 7. 
Figures 1 and 2 are plots of the S/D and G 
vs. L for unmodified mu-law encoding. 
Figures 3 and 4 illustrate what happens to 
the S/D and G vs. L plots when a simple 
DSP function consisting of a linear gain of 
1.1 is inserted in the signal path. It is 
important to note that this computation was 
done by simulating the higher precision 
integer arithmetic and optimized rounding as 
would normally be done on any DSP. Again, 
as previously shown, there is no margin for 
error or even the insertion of an additional 
simple prescription gain computation. 
As referenced in the previous paper [19], the 
distortion and noise modulation introduced 
by the PCM quantization process is 



correlated and therefore audible. The 
artifacts of this distortion and modulation 
are manifested as the ripples seen in the 
above mentioned figures of S/D and G vs. L. 
The ripple of the shortest period in these 
figures is due to the quantization at the LSB 
as would be familiar in a linear system. The 
next longer period ripple on top of the 
shorter period ripple is due to the segmented 
piecewise linearization of the ideal mu-law 
equation (see [9] and further discussion in 
the next section). Finally the longest period 
ripple most obvious as a knee at -30 dBm0 
in the S/D results is due to the unity bias 
introduced in the logarithmic compression 
function: 
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Two methods were investigated for 
improving the inherent encoding problems 
and applied to the DSP insertion problem.  
The first method involved abandoning the 
segmented encoding transfer characteristic. 
Changing the mu-law mapping function by 
using a more accurate implementation of 
equation 2.1 and increasing the scaling of 
F(x) was investigated as a possible method 
for improvement of the distortion 
characteristics, while still using an 8-bit 
code. It was found that while this improved 
the margins of the S/D test results by 
reducing the intermediate period ripple of 
the segmentation, it did little to improve the 
errors due to quantization and the bias. 
Additionally, a dither source of triangular 
PDF and (initially) unit LSB variance was 
added at Noise Source B of Figure 13, as 
suggested by Fletcher [1]. This has the 
advantage of reducing or eliminating both 
LSB quatization distortion and the error due 
to segmenting. However, balancing the 
reduction of these distortion errors by 
adding the dither with the deleterious effect 
of increased wideband noise inherent to this 
method was difficult and the improvements 
realized by a smaller amplitude dither were 
marginal when attempting to still pass the 

requirements. Subtracting this noise back 
out, as would be done for a linear system 
[20], is non-trivial because the noise is 
convolved with the logarithmic encoding 
function. Different methods were still 
required to accomplish better overall results. 

3. New Methods 
From Equation (2.1) it can be seen that 
larger values of mu will tend to reduce the 
significance of the unity bias. However, this 
will come at the cost of the logarithmic 
function requiring a larger dynamic range in 
F(x) (more bits) to represent the smaller 
values of x. A significant improvement can 
be made by adding even one more bit to the 
representation of F(x). Figures 5 and 6 
demonstrate the advantage gained by using 
mu-511, 9-bit PCM encoding. Figures 9 and 
10 are the result of utilizing 9-bit PCM 
between the CODEC and DSP, applying the 
gain of 1.1 and re-encoding the signal to 8-
bit PCM for compatible transmission.  These 
results are similar to those obtained using 
14-bit linear encoding between the CODEC 
and the DSP. 
There is an opportunity to add dither to the 
system, which will not significantly impact 
specifications or create audible impairments 
[18]. By examining the response of the 
measurement filter in Figure 7, it can be 
seen that noise appearing above 3.1KHz will 
not be given much weight in the S/D 
measurements. It is valid to add dither in 
this way since the receive reconstruction 
filter of the CODEC rolls off the high 
frequency signals in a similar fashion. The 
triangular PDF dither source was band-
limited to frequencies above 3.1KHz. Figure 
8 is the spectrum of this out of band dither 
source to be applied at point H in the 
system. If dither were added at point I the 
non-linear conversion process would create 
distortion products that would fall in-band.  
Figures 11 and 12 are the result of non-
segmented mu-law conversion, a gain of 1.1, 
the application of the out of band dither 



source and 8-bit mu-law compression. The 
dither improved small signal performance.  
The amplitude of the dither signal was 
increased beyond unit LSB variance, to the 
point where it no longer improved 
performance. 

4. Conclusion 
It is recommended that architects of new 
PCM switching system designs use caution 
when employing the use of DSP in the 
transmission path.  In such a case, a better 
CODEC transfer characteristic consisting of 
more than 8 bits of output, as well as a 
higher speed or wider PCM highway to 
allow for more than 8 bits to be provided to 
the DSP block should be used.  Some 
limited improvements can be made in an 8-
bit PCM system by modifying the encoding 
characteristic and employing the use of out-
of-band dither. 
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